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DATA HANDBOOK SYSTEM 


Our Data Handbook System comprises more than 60 books with specifications on electronic compo- 
nents, subassemblies and materials. It is made up of four series of handbooks: 


ELECTRON TUBES BLUE 
SEMICONDUCTORS RED 
INTEGRATED CIRCUITS PURPLE 
COMPONENTS AND MATERIALS GREEN 


The contents of each series are listed on pages iv to vil. 


The data handbooks contain all pertinent data available at the time of publication, and each is revised 
and reissued periodically. 


When ratings or specifications differ from those published in the preceding edition they are indicated 
with arrows in the page margin. Where application information is given it is advisory and does not 
form part of the product specification. 


Condensed data on the preferred products of Philips Electronic Components and Materials Division is 
given in our Preferred Type Range catalogue (issued annually). 


Information on current Data Handbooks and on how to obtain a subscription for future issues is 
available from any of the Organizations listed on the back cover. 
Product specialists are at your service and enquiries will be answered promptly. 
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ELECTRON TUBES (BLUE SERIES) 


The blue series of data handbooks comprises: 


T1 Tubes for r.f. heating 
T2a Transmitting tubes for communications, glass types 
T2b Transmitting tubes for communications, ceramic types 
T3 Klystrons 
T4 Magnetrons for microwave heating 
| T5 Caledesw tubes 
Instrument tubes, monitor and display tubes, C. R. tubes for special applications 
T6 Geiger-Miiller tubes 
T8 Colour display systems 


Colour TV picture tubes, colour data graphic display tube assemblies, deflection units 


T9 Photo and electron multipliers 

T10 Plumbicon camera tubes and accessories 
T11 Microwave semiconductors and components 
T12 Vidicon and Newvicon camera tubes 

T13 Image intensifiers and infrared detectors 


T15 Dry reed switches 


T16 Monochrome tubes and deflection units 
Black and white TV picture tubes, monochrome data graphic display tubes, deflection units 
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SEMICONDUCTORS (RED SERIES) 


The red series of data handbooks comprises: 


S1 


S2a 
S2b 
S3 
S4a 
S4b 
S5 
S6 
$7 
S8a 


S8b 


S$9 

$10 
$11 
$12 
$13 


*$14 


Sica silicon diodes, voltage regulator diodes (< 1,5 W), voltage reference diodes, 
tuner diodes, rectifier diodes 

Power diodes 

Thyristors and triacs 

Small-signal transistors _ 

Low-frequency power transistors and hybrid modules 

High-voltage and switching power transistors 

Field-effect transistors 

R.F. power transistors and modules 

Surface mounted semiconductors 

Light-emitting diodes 

Devices for optoelectronics 

Optocouplers, photosensitive diodes and transistors, infrared light-emitting diodes and 
infrared sensitive devices, laser and fibre-optic components 

Power MOS transistors 

Wideband transistors and wideband hybrid IC modules 

Microwave transistors 

Surface acoustic wave devices 


Semiconductor sensors 


Liquid Crystal Displays 


*To be issued shortly. 
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INTEGRATED CIRCUITS (PURPLE SERIES) 


The NEW SERIES of handbooks is now completed. With effect from the publication date of this 
handbook the “’N” in the handbook code number will be deleted. 
Handbooks to be replaced during 1986 are shown below. 


The purple series of handbooks comprises: 


ICO1 


ICO2a/b 


iCO3 


iC04 


ICOSN 


ICO6N 


IC08 


ICOON 
IC10 


IC11N 


Supplement 
to IC11N 


C12 
IC13 


IC14N 


IC15 


iC16 
IC17 
IC18 


Radio, audio and associated systems 
Bipolar, MOS 


Video and associated systems 
Bipolar, MOS 


Integrated circuits for telephony 
Bipolar, MOS 


HE4000B logic family 
CMOS 


HE4000B logic family — uncased ICs 
CMOS 


High-speed CMOS; PC74HC/HCT/HCU 
Logic family 


ECL 10K and 100K logic families 


TTL logic series 


Memories 
MOS, TTL, ECL 


Linear LSI 
Linear LSI 


1?C-bus compatible ICs 


Semi-custom 
Programmable Logic Devices (PLD) 


Microprocessors, microcontrollers and peripherals 
Bipolar, MOS 


FAST TTL logic series 


CMOS integrated circuits for clocks and watches 
Integrated Services Digital Networks (ISDN) 


Microprocessors and peripherals 


new issue 1986 
ICOIN 1985 


new issue 1986 
1CO2Na/b 1985 


new issue 1987 
ICO3N 1985 


new issue 1986 
IC4 1983 


published 1984 


published 1986 


New issue 1986 
ICO8N 1984 


published 1986 


new issue 1986 
IC7 1982 


published 1985 
published 1986 


not yet issued 


new issue 1986 
IC13N 1985 


published 1985 


new issue 1986 
IC15N 1985 


first issue 1986 
not yet issued 


new issue 1986* 


* The Microprocessors were included in handbook IC14N 1985, so 1C18 will replace that part of 


IC14N. 


June 1986 


COMPONENTS AND MATERIALS (GREEN SERIES) 


The green series of data handbooks comprises: 


C2 
C3 
C4 
C5 
C6 
C7 
C8 
C9 
C11 


C12 
C13 
C14 
C15 
C16 
C17 
C18 
C19 
C20 


C22 


Television tuners, coaxial aerial input assemblies, surface acoustic wave filters 


Loudspeakers 


Ferroxcube potcores, square cores and cross cores 


Ferroxcube for power, audio/video and accelerators 


Synchronous motors and gearboxes 
Variable capacitors 

Variable mains transformers 
Piezoelectric quartz devices 


Varistors, thermistors and sensors 


Potentiometers, encoders and switches 
Fixed resistors 

Electrolytic and solid capacitors 

Ceramic capacitors 

Permanent magnet materials 

Stepping motors and associated electronics 
Direct current motors 

Piezoelectric ceramics 


Wire-wound components for TVs and monitors 


Film capacitors 
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PREFACE 


PREFACE 


More than ten years on from our first dedicated ICs for telephony, the pace of progress in telecommun- 
ication continues to accelerate. An already-wide range of design possibilities offered by well established 
circuits and enhanced by new ICs has been dramatically extended in concepts that include microcon- 
trollers linked to peripheral circuits via the two-wire |I7C (Inter-IC) data bus. 


Telephony concepts range from simple pulse dialling to the most advanced feature-phones and from 
cordless telephones to cellular radio. The concepts include both bipolar and HCMOS ICs (with 2,5 V 
to 6 V operating voltage range) with most telephony ICs supplied in space-saving small-outline (SO) 
packages as well as standard DIL. 


An Integrated Services Digital Network (ISDN) which allows transmission and reception of digitized 
voice, data and video signals is now in the final stages of development and we are well advanced in the 
development of a range of ICs with ISDN-Oriented Modular (1OM) architecture to form the vital 
interfaces between ISDN networks and the wide variety of subscriber terminals. We are also introducing 
the Integrated Services Terminal (IST) bus and associated ICs which are ISDN-compatible and allow 

up to 31 subscriber terminals to be interconnected via a simple, easy to install, twisted-pair cable. 
Specifications for IST bus and 1OM ICs will be published separately. 
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SELECTION GUIDE 


Functional index 

Numerical index 

Pulse dialler circuits with redial, PCD332X family 
Speech/transmission circuits, TEA1060 family 
Microcontrollers for telephone sets 


FUNCTIONAL INDEX 


type number description 


PULSE DIALLER CIRCUITS WITH REDIAL (PCD332X family, page 15) 


PCD3320 dialler with several mute signals 

PCD3321 dialler with two automatic access pauses 
PCD3322 variant of PCD3320 

PCD3323 dialler for sophisticated PABX systems 
PCD3324 dialler with one automatic access pause 
PCD3325A dialler with manual access pause control 
PCD3326 variant of PCD3321 

PCD3327 variant of PCD3325A for ceramic resonator 


SPEECH/TRANSMISSION CIRCUITS (TEA1060 family, page 16) 


TEA1060 speech/transmission circuit with dialler interface; 
low impedance input for dynamic and magnetic microphones 
TEA1061 speech/transmission circuit with dialler interface; 
high impedance input for eletret and piezo-electric microphones 
TEA 1066T speech/transmission circuit with dialler interface; SO-encapsulation 
TEA1067 low-voltage speech/transmission circuit with dialler interface; 
input suitable for all microphone types 
TEA1068 speech/transmission circuit with dialler interface; 


input suitable for all microphone types 


HANDSFREE LOUDSPEAKING TELEPHONES 


TEA1042 telephone transmission circuit for handsfree loudspeaking 


DTMF GENERATOR/DIALLER CIRCUITS 


PCD3311 DTMF generator with parallel data inputs plus !7C bus 
PCD3312 DTMF generator; I?C bus 
TEA1075 DTMF dialler with line interface and mute switch 


SINGLE-CHIP TELEPHONE CIRCUIT 
TEA1046 DTMF dialler and transmission circuit 


PULSE AND DTMF DIALLER COMBINATION 
PCD3310 pulse and DT MF dialler with redial 


REPERTORY DIALLERS (see Microcontrollers for telephone sets, page 16) 


PCD3315/502 10-number repertory dialler with redial 
PCD3315/503 10-number one-touch repertory dialler with redial 
PCD3341 advanced 10-110 number repertory dialler; LCD control; |17C bus 


FUNCTIONAL 
INDEX 


page 


197 
211 
227 
241 
261 


277 
293 
309 


609 


609 
625 


641 


657 


581 


149 
149 
673 


595 


129 


167 
179 
321 
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FUNCTIONAL 
INDEX 


type number 


description 


MICROCONTROLLERS (see Microcontrollers for telephone sets, page 16) 


PCD3315C 


PCD3343 


TONE RINGER 


PCD3360 


microcontroller for telephone sets 
microcontroller for telephone sets; 1?C bus 


programmable multi-tone ringer 


°C BUS COMPATIBLE ICs 


PCB8582 
PCD3311 
PCD3312 
PCD3341 
PCD3343 


PCF8200 
PCF 8566 


PCF857/0 
PCF8571 


PCF 8573 
PCF8574 
PCF 85/6 


PCF8577 


PCF8577A 


PCF8591 


256 x 8-bit EEPROM 

DTMF generator with parallel data inputs 

DTMF generator 

advanced 10-110 number repertory dialler; LCD control 
microcontroller for telephone sets 


voice synthesizer (CMOS) 

universal LCD driver for low multiplex rates (1:1 to 1:4); 
max. 96 segments 

256 x 8-bit static RAM 

128 x 8-bit static RAM 


clock/calendar 

remote 8-bit 1/O expander 

universal LCD driver for low multiplex rates (1:1 to 1:4); 
max. 160 segments 

LCD direct driver (32 segments) or duplex driver (64 segments) 


LCD direct driver (32 segments) or duplex driver (64 seqments); 
different slave address 
8-bit A/D and D/A converter 


CIRCUITS FOR MOBILE TELEPHONES 


MC3361 
NE567 
NE570 
NE571 
NE572 


NE602 
NE604 
NE612 
NE614 


PCB80C31 
PCB80C51 


PCD3312 


PCD3315/502 


PCF8591 


SA571 
SA572 
SA602 
SA604 
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low power FM IF signal processing system 
tone decoder/phase locked loop 
compandor 

compandor 

programmable analog compandor 


double balanced mixer and oscillator 
low power FM/IF system 
double balanced mixer and oscillator 
low power FM/IF system 


single-chip 8-bit microcontroller; ROM-less version of PCB80C51 
single-chip 8-bit microcontroller; 128 bytes RAM; 
4 K mask-programmable ROM 
DTMF generator; !?C bus 
10-number repertory dialler with redial 
8-bit A/D and D/A converter; |?C bus 


compandor | 
programmable analog compandor 
double balanced mixer and oscillator 
low power FM/IF system 


page 


193 
339 


379 


FUNCTIONAL 
INDEX 


type number description page 


SE567 tone decoder/phase locked loop 59 
TDA70O50T dual audio amplifier for loudspeaking facilities 577 


SPEECH SYNTHESIZERS 


MEA8000 voice synthesizer 45 
PCF8200 voice synthesizer (CMOS) 407 
OM8200 speech demonstration board (for PCF8200) 111 
OM8210 speech analysis/editing system (for PCF8200) 115 


DISPLAY DRIVERS 


PCF2111 LCD duplex driver (64 segments) with serial |/O 397 
PCF8566 universal LCD driver for low multiplex rates (1:1 to 1:4); 

max. 96 segments; I?C bus 421 
PCF8576 universal LCD driver for low multiplex rates (1:1 to 1:4); 

max. 160 segments; I?C bus 507 
PCF8577 LCD direct driver (32 segments) or duplex driver (64 segments); I?C bus 543 
PCF8577A LCD direct driver (32 segments) or duplex driver (64 segments); |?C bus; 


different slave address 543 


MISCELLANESOUS 


NE5900 call progress decoder 105 
PCB8582 256 x 8-bit EEPROM; !°C bus 121 
PCF1251 micropower voltage detector 393 
PCF8570 256 x 8-bit static RAM: I?C bus 451 
PCF8571 128 x 8-bit static RAM; 1°C bus 463 
PCF8573 clock/calendar; |?C bus 475 
PCF8574 remote 8-bit 1/O expander; I?C bus 493 
PCF8591 8-bit A/D and D/A converter; 1*C bus 

TDA7050T dual audio amplifier for loudspeaking facilities 577 
TEA1042 telephone transmission circuit for handsfree loudspeaking 581 
TEA1080 supply circuit for telephone set peripherals 689 


Purchase of Philips’ |1?C components conveys a license under the 
Philips’ I°C patent to use the components in the 12C-system 
provided the system conforms to the |7C specifications defined 
by Philips. 
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NUMERICAL 
INDEX 


NUMERICAL INDEX 


type number description package page 
MC3361D low power FM IF signal processing system D-PLASTIC (SO-16) 41 
MC3361N low power FM IF signal processing system N-PLASTIC (16-pin) 41 
MEA8000 voice synthesizer DIL-24; SOT-101A 45 
NE567D tone decoder/phase locked loop D-PLASTIC (SO-8) 59 
NE567F tone decoder/phase locked loop F-HERMETIC (14-pin) 59 
NE567E tone decoder/phase locked loop FE-HERMETIC (8-pin) 59 
NE567N tone decoder/phase locked loop N-PLASTIC (8-pin) 59 
NE570F compandor F-HERMETIC (16-pin) 69 
NE570N compandor N-PLASTIC (16-pin) 69 
NE571D compandor D-PLASTIC (SO-16L) 69 
NE571F compandor F-HERMETIC (16-pin) 69 
NE571N compandor N-PLASTIC (16-pin) 69 
NE572D programmable analog compandor D-PLASTIC (SO-16L) 75 
NE572N programmable analog compandor _ N-PLASTIC (16-pin) 75 
NE602D double balanced mixer and oscillator D-PLASTIC (SO-8) 81 
NE602FE double balanced mixer and oscillator FE-HERMETIC (8-pin) 81 
NE602N double balanced mixer and oscillator N-PLASTIC (8-pin) 81 
NE604D low-power FM/IF system | D-PLASTIC (SO-16) 87 
NE604N low-power FM/IF system N-PLASTIC (16-pin) 87 
NE612D double balanced mixer and oscillator D-PLASTIC (SO-8) 89 
NE612N double balanced mixer and oscillator N-PLASTIC (8-pin) 89 
NE614D low power FM/IF system D-PLASTIC (SO-16) 95 
NE614N low power FM/IF system N-PLASTIC (16-pin) 95 
NE5900D call progress decoder D-PLASTIC (SO-16L) 105 
NES5900N call progress decoder N-PLASTIC (16-pin) 105 
OM8200 speech demonstration board (for PCF8200) standard Eurocard 111 
OM8210 speech analysis/editing system (for PCF8200) special pack 115 
PCB80C31P single-chip 8-bit microcontroller; 

ROM-less version of PCB80C51P DIL-40; SOT-129 119 
PCB80C31WP _ single-chip 8-bit microcontroller; 

ROM-less version of PCB80C51WP 44-PLCC; SOT-187A 119 
PCB80C51P single-chip 8-bit microcontroller; 


128 bytes RAM; 4 K mask-programmable ROM DIL-40; SOT-129 119 
PCB80C51WP _ single-chip 8-bit microcontroller; | 
128 bytes RAM; 4 K mask-programmable ROM 44-PLCC; SOT-187A 119 


PCB8582 256 x 8-bit EEPROM; I?C bus DIL-8;SOT-97A_ . 121 
PCD3310P pulse and DTMF dialler with redial plus 12C bus DIL-20; SOT-146 129 
PCD3310T pulse and DTMF dialler with redial plus I?C bus SO-28; SOT-136A | 129 
PCD3311P DTMF generator with parallel data inputs 

plus |?C bus DIL-14;SOT-27KE | 149 
PCD3311T DTMF generator with parallel data inputs 

plus IC bus SO-16L; SOT-162A 149. 
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NUMERICAL 


INDEX 

type number description package page 
PCD3312P DTMF generator; |?C bus DIL-8; SOT-97AE 149 
PCD3312T DTMF generator; I?C bus SO-8L; SOT-176 149 
PCD3315/502P 10-number repertory dialler with redial DIL-28; SOT-117 167 
PCD3315/502T 10-number repertory dialler with redial SO-28; SOT-136A 167 
PCD3315/503P 10-number one-touch repertory dialler with redial DIL-28; SOT-117 179 
PCD3315/503T 10-number one-touch repertory dialler with redial SO-28; SOT-136A 179 
PCD3315CP microcontroller for telephone sets DIL-28; SOT-117 193 
PCD3315CT microcontroller for telephone sets DIL-28; SOT-136A 193 
PCD3320D dialler with several mute signals DIL-18; SOT-133B 197 
PCD3320P dialler with several mute signals DIL-18; SOT-102GE 197 
PCD3321D dialler with two automatic access pauses DIL-18; SOT-133B 211 
PCD3321P dialler with two automatic access pauses DIL-18; SOT-102GE 211 
PCD3322D variant of PCD3320 DIL-18; SOT-133B 227 
PCD3322P variant of PCD3320 DIL-18; SOT-102GE 227 
PCD3323D dialler for sophisticated PABX systems DIL-28; SOT-135A 241 
PCD3323P dialler for sophisticated PABX systems DIL-28; SOT-117 241 
PCD3323T dialler for sophisticated PABX systems SO-28; SOT-136A 241 
PCD3324D dialler with one automatic access pause DIL-18; SOT-133B 261 
PCD3324P dialler with one automatic access pause DIL-18; SOT-102GE 261 
PCD3325AP dialler with manual access pause control DIL-18; SOT-102GE 277 
PCD3326P variant of PCD3321 7 DIL-18; SOT-102GE 293 
PCD3327P variant of PCD3325A for ceramic resonator DIL-18; SOT-102GE 309 
PCD3327U variant of PCD3325A for ceramic resonator uncased chip 309. 
PCD3341P advanced 10-110 number repertory dialler; 

LCD control; 1?C bus DIL-28; SOT-117 321 
PCD3341T advanced 10-110 number repertory dialler; 

LCD control; I°C bus SO-28; SOT-136A 321 
PCD3343D microcontroller for telephone sets; |?C bus DIL-28; SOT-135A 339 
PCD3343P microcontroller for telephone sets; |?C bus DIL-28; SOT-117 339 
PCD3343T microcontroller for telephone sets; !2C bus SO-28; SOT-136A 339 
PCD3360P _ programmable multi-tone ringer DIL-16; SOT-38 379 
PCD3360T programmable multi-tone ringer SO-16L; SOT-162A 379 
PCF1251P micropower voltage detector DIL-8; SOT-97AE 393 
PCF 1251T micropower voltage detector SO-8; SOT-96A 393 
PCF2111P LCD duplex driver (64 segments) — | 

with serial I/O DIL-40; SOT-129 397 
PCF2111T LCD duplex driver (64 segments) 

with serial |/O VSO-40; SOT-158A 397 
PCF 8200 voice synthesizer (CMOS) DIL-24; SOT-101A 407 
PCF8566P universal LCD driver for low multiplex rates 

| (1:1 to 1:4); max. 96 segments; |?C bus DIL-40; SOT-129 421 

PCF8566T universal LCD driver for low multiplex rates 

(1:1 to 1:4); max. 96 segments; |7C bus VSO-40; SOT-158A 421 
PCF 8570P 256 x 8-bit static RAM; I?C bus DIL-8; SOT-97AE 451 
PCF8570T 256 x 8-bit static RAM; I?C bus SO-8L; SOT-176 451 
PCF8571D 128 x 8-bit static RAM; I?C bus DIL-8; SOT-151A 463 
PCF8571P 128 x 8-bit static RAM; I?C bus DIL-8; SOT-97AE 463 
PCF8571T 128 x 8-bit static RAM; I?C bus SO-8L; SOT-176 463. 
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type number 


PCF8573P 
PCF8573T 
PCF8574P 
PCF8574T 
PCF8576T 


PCF8576U 


PCF8577P 


PCF8577T 


PCF8577AP 


PCF8577AT 


PCF8591P 
PCF8591T 


SA571F 
SA571N 
SA572N 
SA572F 
SA572D 


SA602D 
SA602FE 
SA602N 
SA604D 
SA604N 


SE567F 
SE567FE 
SE567D 
SE567N 
TDA7050T 


TEA1042 


TEA1046P 
TEA1060 


TEA1061 


TEA1066T 


TEA1067 


description 


clock/calendar; I?C bus 

clock/calendar; 1?C bus 

remote 8-bit |/O expander; I?C bus 

remote 8-bit 1/O expander; I?C bus 

universal LCD driver for low multiplex rates 
(1:1 to 1:4); max. 160 segments; 1?C bus 


universal LCD driver for low multiplex rates 

(1:1 to 1:4); max. 160 segments; |?C bus 
LCD direct driver (32 segments) or 

duplex driver (64 segments); 1?C bus 
LCD direct driver (32 segments) or 

duplex driver (64 segments); 1*C bus 


LCD direct driver (32 segments) or 
duplex driver (64 segments); 1?C bus 
LCD direct driver (32 segments) or 
duplex driver (64 segments); 1°C bus 
8-bit A/D and D/A converter; 1?C bus 
8-bit A/D and D/A converter; I?C bus 


compandor 
compandor 
programmable analog compandor 
programmable analog compandor 
programmable analog compandor 


double balanced mixer and oscillator 
double balanced mixer and oscillator 
double balanced mixer and oscillator 
low-power FM/IF system 
low-power FM/IF system 


tone decoder/phase locked loop 
tone decoder/phase locked loop 
tone decoder/phase locked loop 
tone decoder/phase locked loop 
dual audio amplifier for loudspeaking facilities 


telephone transmission circuit for 
handsfree loudspeaking 

DTMEF dialler and transmission circuit 

speech/transmission circuit with dialler interface; 
low impedance input for dynamic and 
magnetic microphones 


speech/transmission circuit with dialler interface; 
high impedance input for eletret and 
piezo-electric microphones 

speech/transmission circuit with dialler interface; 
SO-encapsulation 

low-voltage speech/transmission circuit with 
dialler interface; input suitable for 
all microphone types 


NUMERICAL 
INDEX 


package page 
DIL-16; SOT-38 475 
SO-16L; SOT-162A 475 
DIL-16; SOT-38 493 
SO-16L; SOT-162A 493 
VSO-56; SOT-190 507 
uncased chip 507 
DIL-40; SOT-129 543 
VSO-40; SOT-158A 543 
DIL-40; SOT-129 543 
VSO-40; SOT-158A 543 
DIL-16; SOT-38 559 
SO-16L; SOT-162A 559 
F-HERMETIC (16-pin) 69 
N-PLASTIC (16-pin) 69 
N-PLASTIC (16-pin) 75 
F-HERMETIC (16-pin) 75 
D-PLASTIC (SO-16L) 75 
D-PLASTIC (SO-8) 81 
FE-HERMETIC (8-pin) 81 
N-PLASTIC (8-pin) 81 
D-PLASTIC (SO-16) 87 
N-PLASTIC (16-pin) 87 


F-HERMETIC (14-pin) 59 
FE-HERMETIC (8-pin) 59 


D-PLASTIC (SO-8) 59 
N-PLASTIC (8-pin) 59 
SO-8; SOT-96A 577 
DIL-24; SOT-101A 581 
DIL-24; SOT-101A 595 


DIL-18; SOT-102HE 609 


DIL-18; SOT-102HE 609 


SO-20: SOT-163A 625 


DIL-18; SOT-102HE 641 
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NUMERICAL 
INDEX 


type number 


TEA1068 


TEA1075P 
TEA1075T 
TEA1080P 
TEA1080T 
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description 


speech/transmission circuit with dialler interface; 
input suitable for all microphone types . 
DTMEF dialler with line interface and mute switch 
DTMF dialler with line interface and mute switch 
supply circuit for telephone set peripherals 
supply circuit for telephone set peripherals 


~ package 


DIL-18; SOT-102HE 
DIL-18; SOT-102HE 
SO-20; SOT-163A 
DIL-8; SOT-97AE 
SO-8; SOT-96A 


page _ 


657 
673 
673 
689 
689 


PCD332X 
FAMILY 


PULSE DIALLER CIRCUITS WITH REDIAL, PCD332X FAMILY 


PCD 3.22% 

cancionttenaes re ee 

3322 | 3323 | 3324 |3325A|3326 | 3327* 
18 | 28 | 18 18 


selectable with RDS 3,2x Tpp 
Access pauses repeated during redial 
Manual insertion of access pauses 


3320 | 3321 
Number of pins 
Dialling pulse frequency 10 Hz @ ® @ ® 
selectable with F0O1, F0O2 16, 20 Hz ® 
Mark/space ratio 3:2 ® 
selectable with M/S 2:1 @ 
Inter-digit pause duration 8x Tpp e 
selectable with IDP 9x Tpp @ 
Reset delay for line power breaks 1,6x Tpp e 
e 
@ 
@ 


Automatic access pause insertion 1 max. 
2 max. 

Access pause duration 32 x Tpp 
selectable with APD 64x Tpp 


not automatically terminated 
M1, inverted mute output 
M2, strobe output 
M3, AND function of mute (M1) and 
inverted dialling pulse (DP) outputs 
CL, clock output 
APO, access pause output 
HOLD, dialling-interrupt input 
APO + HOLD, internally connected 
APR, access pause reset input 
AAE, automatic access pause enable 


T pp = dialling pulse period. 
* PCD3327 for ceramic resonator. 


Features common to all PCD332X family 


OSC IN | ; 

OSC OUT | on-chip oscillator input and output 

C1 to C3, column keyboard inputs with on-chip pull down 

R1 to R4, row keyboard inputs with on-chip pull-up 

CE, chip enable input 

DP, dialling pulse drive output to external line-switching transistor or relay 
M1, mute output 
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TEA1060 
FAMILY 


SPEECH/TRANSMISSION CIRCUITS, TEA1060 FAMILY 


functional survey | 
1060 1061 


Microphone inputs: 
low sensitivity; dynamic or magnetic @ 
medium sensitivity; dynamic or magnetic | @ 
eletret with preamplifier 
piezo-electric 


1067 1068 


Receiver outputs: 
dynamic or magnetic 
piezo-electric 

Electronic mute input 

DTMEFE input 


Voltage regulator: 
adjustable d.c. voltage ® 
adjustable d.c. resistance e 


Power-down input 


Gain control: 
control can be switched-off @ 
adaptable to exchange voltage and impedance @ 
SO encapsulation 


Parallel operation possible 


MICROCONTROLLERS FOR TELEPHONE SETS 


type number short description type number of type number or 
of family standard version customized version 


dedicated single-chip, 

8-bit microcontroller for 

PCD3343 telephone sets; available in PCD3341 PCD3343/0XX 
standard or customized versions; 

3K x 8 ROM; 224 x 8 RAM 


dedicated single-chip, 

8-bit microcontroller for 
PCD3315C telephone sets; available in 
standard or customized versions; 
1,5K x 8 ROM; 160 x 8 RAM 


PCD3315/502 


PCD3315/503 one 
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ARCHITECTURE OF ELECTRONIC SUBSCRIBER SETS 


Telephones for pulse dialling 
Telephones for DTMF dialling 


ARCHITECTURE 


ARCHITECTURE OF ELECTRONIC SUBSCRIBER SETS 
The path to electronic operation 


The first step in converting subscriber sets to electronic operation is usually in the replacement of the 
rotary dial by a push-button keyboard which operates either with a pulse generator for interrupted 
current-loop dialling, or with a tone generator for DTMF dialling (this division of techniques has 
resulted in two main streams of telephone production; pulse dialling and tone dialling). Subsequent 
steps for improvement are in the replacement of the carbon microphone by an active transducer such 
as an electret or electro-dynamic microphone, and replacement of the transformer hybrid by an 
integrated speech/transmission circuit. The sequence continues with the inclusion of features such as 
repertory dialling, last-number redial, extended redial, dialled number display, and tarif-unit metering. 
Some sets may also have the capability of either pulse or DT MF dialling. 


The ringer is a completely separate function and can therefore be replaced by electronics at any stage. 


Basic telephones for pulse dialling 


Figs 1, 2 and 3 show the architecture of basic push-button subscriber sets for interrupted current-loop 
dialling using ICs from the PCD332X family. 


In Fig. 1 an insert unit to perform the dial function is shown in a conventional set with a transformer 
hybrid. A muting relay inhibits the speech function during dialling. 


Fig. 2 shows a parallel circuit in which the line current flows through either the speech part or a 
dummy load and is interrupted by the M3 output of the dialling |C. Note that the conventional speech 
circuit operating with two wires may be replaced by a speech/transmission circuit (from the TEA1060 
family). This allows the possibility of operating the speech IC in the handset with only a two-wire cable. 


In Fig. 3 the dialling IC operates in conjunction with a transmission IC with common-line interface. 
The latter works with any kind of microphone and earpiece and has a special input for muting. For this 
function we have a family of speech/transmission ICs (the TEA1060 family). 


PCD332X 
FAMILY 


7 
dialling 


line 
pulse 


CONVENTIONAL 
SPEECH HYBRID 


PULSE 
DIALLING CIRCUIT 


7289951.2 


Fig. 1 Pulse dial insert unit replacing the rotary dial in a conventional telephone set. 
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FAMILY 


7289952.3 
CONVENTIONAL SPEECH HYBRID PULSE 
or DIALLING 
SPEECH CIRCUIT CIRCUIT 


Fig. 2 Pulse dial basic set with either conventional or electronic speech. 
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b/a SPEECH / PULSE 
TRANSMISSION DIALLING 
CIRCUIT CIRCUIT 


Fig. 3 Pulse dial basic set with two ICs and common line interface. 
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ARCHITECTURE 


Basic telephones for DTMF dialling 
Figs 4, 5, 6 and 7 show the architecture of four basic push-button sets for DT MF dialling. 


In Fig. 4 a conventional speech circuit with a transformer hybrid is used together with a DTMF 
generator; this requires a DTMF generator which has an output stage, line interface and mute switch. 


Fig. 5 shows the same DTMF generator applied with an electronic speech circuit. Both DITMF generator 
and speech circuit have interfaces to the line. 


In Fig. 6 only the speech circuit interfaces to the line. The DTMF generator is connected to the speech 
circuit which has a DTMF and a mute input for this purpose. The speech circuit incorporates a voltage 
stabilizer and audio output stage for both speech and DTMF signals. Note that the speech ICs in this 
application are the same as used for the pulse dial application shown in Fig. 3. 


The application of a combined DTMF/transmission circuit (TEA1046) is shown in Fig. 7. 


| 
TEA1075 
O 
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GITMF DIALLING 
WITH 
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7293029 


CONVENTIONAL 
SPEECH HYBRID | 


Fig. 4 DTMEF set using a conventional speech circuit. 
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Fig. 5 Full electronic DTMF set. 


7Z93030.1 
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supply 


7289956.2 
SPEECH/TRANSMISSION DIALLING 
CIRCUIT CIRCUIT 


Fig.6 DTMF basic set with two ICs and common line interface. 


TEA1046 


ONE-CHIP DTMF 


TELEPHONE CIRCUIT 
7Z89957 


Fig. 7 Electronic speech and DTMF on a single chip. 


Basic telephones for both pulse and DTMF dialling 


The architecture of a push-button subscriber set for both pulse and DTMF dialling is shown in Fig. 8. 
This concept includes last-number redial and flash. The speech circuit is the only part interfacing with 
the line, the dialler circuit being connected via the DTMF, mute and power-down pins. 
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Fig. 8 Subscriber set architecture for pulse and DTMF dialling. 
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Feature telephones 

The subscriber set shown in Fig. 9 has added features including last-number redial, extended redial, 
repertory dialling and register recall. It is constructed around the PCD3315C telephone microcontroller 
and a PCD3312 DTMF generator. Pre-programmed versions of the PCD3315C are available 
(PCD3315/502 and PCD3315/503). 


| optional 


supply 


SPEECH/ 
TRANSMISSION 


DEDICATED 
MICRO - 


CIRCUIT = CONTROLLER 
TEA1060 FAMILY 1? PCD3315C 
ei DTMF 

PCD3312 


aN 
Fig. 9 Feature telephone using a dedicated microcontroller (PCD3315C). 


dialling pulse / flash 


7291944.1 


Even more features can be obtained by using the telephone microcontroller PCD3343. This interfaces 
with the 1?C bus — a two-wire serial input/output data bus — which allows peripheral devices to be 
added. An example of this is shown in Fig. 10 with the additions of a larger repertory dial memory and 
dialled number display. In this way, up to eight CMOS RAMs (PCF8571) can be used to augment the 
on-chip storage capacity of the PCF 3343 (ten 16-digit numbers). Other additions can be an LCD driver 
(PCF8576 or PCF8577), a clock/timer circuit (PCF8573) and DTMF generator (PCD3312). There is 
also a DTMF generator (PCD3311) which operates with a 4 or 8-bit microcontroller, and a pre-program- 
med version of the PCD3343 which is available under the type number PCD3341. 
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Fig. 10 Feature-phone using dedicated microcontroller PCD3343. 
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Fig. 11 shows an application in which a general-purpose microcomputer or a personal computer with 
parallel input/output can be used in conjunction with the TEA1046 DTMF/speech/transmission IC 
(this has microcomputer-compatible keyboard inputs). 


DTMF & SPEECH/ 
TRANSMISSION 
CIRCUIT 

TEA1046 


GENERAL — PURPOSE 
MICROCOMPUTER/ 
PERSONAL COMPUTER 


cradle 


-— en a tee 


ELECTRONIC 
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7289959.1 


Fig. 11 Application utilizing a general-purpose microcomputer with parallel input/output. 


Loudspeaking facilities 


A simple but effective audio amplifier is shown in Fig. 12. The peripheral supply circuit (TEA1080) 
uses the line input to power the loudspeaker amplifier (TDA7050) and other peripheral devices if 
required. The TDA7050 is a dual-channel amplifier making either single-ended or bridge-tied load 
(BTL) configurations possible. 


PERIPHERAL 


SUPPLY 
CIRCUIT 

TEA1080 | 

PEECH/DIAL 
CIRCUITS a 
TDA7050 
i LOUDSPEAKER | 
a/b “a | AMP 


line 


b/a 
| 7291939 


Fig. 12 Audio power amplifier for loudspeaking. 
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Cordless telephones 


Our dedicated ICs for telephony will enhance any attractive mobile telephone design. The cordless 
telephone concept shown in Fig. 13 operates with carrier frequencies of 46/49 MHz (FCC standards) 
and incorporates a security code system to protect transmissions between base and remote units. 


The base and the remote units both utilize the single-chip FM radio receiver (MC3361) which requires 
few external components and is simple to align. A pilot tone is used to separate voice and data, 
detection of the pilot tone is implemented with our tone decoder SE/NE567. Also both units use the 
dedicated microcontroller (PCD3315) which, as well as the standard dialling functions, provides the 
two-way, 16-bit, random-generated, security code system. In DTMF systems, the PCD3315 will control 
a PCD3312 dialler. The voice output of the remote unit is driven by earpiece/loudspeaker amplifier 
TDA7050. In the base unit the TEA1060 provides the line interface for the speech/transmission part 
and the PCD3360 detects the ringer voltage. 
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(a) Remote unit. 
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(b) Base unit. 
Fig. 13 Advanced cordless telephone. 
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Cellular radio 


Cellular mobile communications systems employ hybrid technologies that bring together analogue 
voice processing and digital data communications. As can be seen in Fig. 14, our integrated circuits 
fulfill many of the vital functions required for mobile equipment of the new era. 
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Fig. 14 Mobile transceiver for cellular radio. 
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Handling MOS devices 


PRODUCT STATUS 
For type numbers with prefixes MC, NE, SA, SE DEFIN ITIONS 


DEFINITIONS 
Data Sheet Identification Product Status Definition 


This data sheet contains the design target or goal specifications for product development. Specifica- 


Objective Specification Formative or In Design : 2 : : 
tions may change in any manner without notice. 


This data sheet contains preliminary data and supplementary data will be published at a later date. 
Preliminary Specification Preproduction Product Signetics reserves the right to make changes at any time without notice in order to improve design and 
supply the best possible product. 


Product Specification Full Production This data sheet contains Final Specifications. Signetics reserves the right to make changes at any time 
without notice in order to improve design and supply the best possible product. 
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ORDERING INFORMATION 


Signetics’ Linear LS! integrated circuit pro- 
ducts may be ordered by contacting either the 
local Signetics sales office, Signetics represen- 
tatives and/or Signetics authorized distributors. 
Acomplete listing is located in the back of this 
manual. 


Minimum Factory Order: 
Commercial Product: 

$1000 per order 

$250 per line item per order 


Military Product: 
$250 per line item per order 


Table 1 provides part number information 
concerning Signetics originated products. 


Table 2 is a cross reference of both the old 
and new package suffixes for all presently 
existing types, while Tables 3 and 4 provide 
appropriate explanations on the various 
prefixes employed in the part number 
descriptions. 


As noted in Table 3, Signetics defines device 
operating temperature range by the appropri- 
ate prefix. It should be noted, however, that 
devices with a SE prefix (- 55°C to + 125°C) 
indicates only its operating temperature 
range and not its military qualification status. 
The military qualification status of any Linear 
LSI product can be determined by either 
looking in the Military Section in this manual 
and/or contacting your local sales office. 
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For type numbers with prefixes MC, NE, SA, SE 


Table 1 PART NUMBER DESCRIPTION 


PART CROSS REF PRODUCT 
NUMBER PART NO. FAMILY 


PRODUCT 
DESCRIPTION 


NE5537N Sample & Hold Amp | 


Description of 
Product Function 


LIN Analog Products 


Product Family } a Military Products 


Package Descriptions — See Table 2 
Device Number 


Device Family and Temperature Range Prefix—See Tables 3 & 4 


Table 3 SIGNETICS PREFIX AND 
DEVICE TEMPERATURE 


DEVICE TEMPERATURE 
RANGE 


0° to +70°C 


Table 2 PACKAGE DESCRIPTIONS 


PACKAGE 
DESCRIPTION 


14-lead. plastic DIL 

14-lead plastic DIL (Selected 
Analog products only) 
16-lead plastic DIL 
Microminiature package (SO) 
14, 16, 18, 22 and 24-lead 
ceramic (Cerdip) DIL 

14, 16, 18, 22, 28 and 4-lead 
ceramic DIL 

10-lead TO-106 

10-iead high-profile TO-100 
can 
24-lead plastic DIL 
10, 14, 16 and 24-lead 
‘ceramic flat - 

-| 8-lead TO-99 

SIL Plastic power 
8-lead plastic DIL 
18-tead plastic DIL 
20-lead plastic DIL 
22-lead plastic DIL 
28-iead plastic DIL 


~ 55° to + 125°C 
0° to + 70°C 


~ 55° to + 125°C 
- 40° to + 85°C 


Table 4 INDUSTRY STANDARD PREFIX 


LPrero DEVICE FAMILY 


~ Linear Industry Standard 
Linear Industry Standard 
Linear Industry Standard 


Mil Rel—Jan Qualified—_ 
Old Designator 


Mil Rel—Jan Qualtified— 
New Designator 


Linear Industry Standard 
Linear Industry Standard 
Mii Rel—Jan Processed 

Linear Industry Standard 
Linear Industry Standard 
Linear Industry Standard 
Linear Industry Standard 
Linear Industry Standard 
Linear Industry Standard. 
Linear Industry Standard 


igs 
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For type numbers with prefixes MEA, PCB, PCD, PCF, TDA, TEA 


PRO ELECTRON TYPE DESIGNATION CODE 
FOR INTEGRATED CIRCUITS 


This type nomenclature applies to semiconductor monolithic, semiconductor multi-chip, thin-film, 
thick-film and hybrid integrated circuits. 


A basic number consists of: 
THREE LETTERS FOLLOWED BY A SERIAL NUMBER 


FIRST AND SECOND LETTER 
1. DIGITAL FAMILY CIRCUITS 
The FIRST TWO LETTERS identify the FAMILY (see note 1). 
2. SOLITARY CIRCUITS 
The FIRST LETTER divides the solitary circuits into: 
S : Solitary digital circuits 
T : Analogue circuits 
U: Mixed analogue/digital circuits 
The SECOND LETTER isa serial letter without any further significance except ‘'H’ which stands 
for hybrid circuits. 
3. MICROPROCESSORS 


The FIRST TWO LETTERS identify microprocessors and correlated circuits as follows: 


Microcomputer 
MA : : : 
Central processing unit 
MB : Slice processor (see note 2) 
MD : Correlated memories 
ME : Other correlated circuits (interface, clock, peripheral controller, etc.) 


4. CHARGE-TRANSFER DEVICES AND SWITCHED CAPACITORS 
The FIRST TWO LETTERS identify the following: 


NH : Hybrid circuits 

NL : Logic circuits 

NM : Memories 

NS : Analogue signal processing, using switched capacitors 
NT : Analogue signal processing, using CTDs 

NX : Imaging devices 

NY : Other correlated circuits 


Notes 


1. A logic family is an assembly of digital circuits designed to be interconnected and defined by its 
basic electrical characteristics (such as: supply voltage, power consumption, propagation delay, 
noise immunity). 

2. By ‘slice processor’ is meant: a functional slice of microprocessor. 
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DESIGNATION 


TYPE 


THIRD LETTER 


It indicates the operating ambient temperature range. 
The letters A to G give information about the temperature: 


A 
B 
C 
D 
E 
F 
G: 


If a circuit is published for another temperature range, the letter indicating a narrower temperature _ 
range may be used or the letter ‘A’. 


Example: the range 0 to + 75 °C can be indicated by 'B’ or ‘A’. 


: temperature range not specified 
: Oto+ 70°C 

: —55 to+ 125 OC 

: —25 to + 70 °C 

: —25 to +85 °C 

: —40 to + 85 °C 

—55 to + 85 0C 


SERIAL NUMBER 


This may be either a 4-digit number assigned by Pro Electron, or the serial number (which may be a 
combination of figures and letters) of an existing company type designation of the manufacturer. 


To the basic type number may be added: 
A VERSION LETTER 


Indicates a minor variant of the basic type or the package. Except for 'Z’, which means customized 
wiring, the letter has no fixed meaning. The following letters are recommended for package variants: 


: for cylindrical 

: for ceramic DIL 

: for flat pack 

: for chip on tape 

: for plastic DIL 

: for QIL 

: for miniature plastic (mini- pack) 
: for uncased chip 


Alternatively a TWO LETTER SUFFIX may be used instead of a single ia version letter, if the 
manufacturer (sponsor) wishes to give more information. 


FIRST LETTER: General shape SECOND LETTER: Material 


C : Cylindrical C : Metal-ceramic 
D : Dual-in-line (DIL) G : Glass-ceramic (cerdip) 
E : Power DIL (with external heatsink) | M: Metal 

F : Flat (leads on 2 sides) P : Plastic 

G : Flat (leads on 4 sides) 

K : Diamond (TO-3 family) 

M: Multiple-in-line (except Dual- _ Triple-, Quadruple-in-line) 

Q 

R 

S 

T 

A 


coAnAoovrnwoo 


: Quadruple-in-line (QIL) 

: Power QIL (with external heatsink) 
: Single-in-line 

: Triple-in-line 


hyphen precedes the suffix to avoid confusion with a version letter. 
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| RATING 
For type numbers with prefixes MEA, PCB, PCD, PCF, TDA, TEA SYSTEMS 


RATING SYSTEMS 


The rating systems described are those recommended by the International Electrotechnical Commission 
(IEC) in its Publication 134. 


DEFINITIONS OF TERMS USED 
Electronic device. An electronic tube or valve, transistor or other semiconductor device. 


Note 
This definition excludes inductors, capacitors, resistors and similar components. 


Characteristic. A characteristic is an inherent and measurable property of a device. Such a property 
may be electrical, mechanical, thermal, hydraulic, electro-magnetic, or nuclear, and can be expressed 
as a value for stated or recognized conditions. A characteristic may also be a set of related values, 
usually shown in graphical form. 


Bogey electronic device. An electronic device whose characteristics have the published nominal values 
for the type. A bogey electronic device for any particular application can be obtained by considering 
only those characteristics which are directly related to the application. 


Rating. A value which establishes either a limiting capability or a limiting condition for an electronic 
device. It is determined for specified values of environment and operation, and may be stated in any 
suitable terms. | | 


Note 
Limiting conditions may be either maxima or minima. 


Rating system. The set of principles upon which ratings are established and which determine their 
interpretation. 


Note . 
The rating system indicates the division of responsibility between the device manufacturer and the 
circuit designer, with the object of ensuring that the working conditions do not exceed the ratings. 


ABSOLUTE MAXIMUM RATING SYSTEM 


Absolute maximum ratings are limiting values of operating and environmental conditions applicable to 
any electronic device of a specified type as defined by its published data, which should not be exceed- 
ed under the worst probable conditions. 


These values are chosen by the device manufacturer to provide acceptable serviceability of the device, 
taking no responsibility for equipment variations, environmental variations, and the effects of changes 
in operating conditions due to variations in the characteristics of the device under consideration and 
of all other electronic devices in the equipment. 


The equipment manufacturer should design so that, initially and throughout life, no absolute maximum 
value for the intended service is exceeded with any device under the worst probable operating con- 
ditions with respect to supply voltage variation, equipment component variation, equipment control 
adjustment, load variations, signal variation, environmental conditions, and variations in characteristics 
of the device under consideration and of all other electronic devices in the equipment. 
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DESIGN MAXIMUM RATING SYSTEM 


Design maximum ratings are limiting values of operating and environmental conditions applicable to a 
bogey electronic device of a specified type as defined by its published data, and should not be exceed- 
ed under the worst probable conditions. 


These values are chosen by the device manufacturer to provide acceptable serviceability of the device, 
taking responsibility for the effects of changes in operating conditions due to variations in the charac- 
teristics of the electronic device under consideration. 


The equipment manufacturer should .design so that, initially and throughout life, no design maximum 
value for the intended service is exceeded with a bogey device under the worst probable operating 
conditions with respect to supply voltage variation, equipment component variation, variation in: 
characteristics of all other devices in the equipment, equipment control adjustment, load variation, 
signal variation and environmental conditions. 


DESIGN CENTRE RATING SYSTEM 


Design centre ratings are limiting values of operating and environmental conditions applicable to a 
bogey electronic device of a specified type as defined by its published data, and should not be exceed- 
ed under normal conditions. 


These values are chosen by the device manufacturer to provide acceptable serviceability of the device 

in average applications, taking responsibility for normal changes in operating conditions due to rated 
supply voltage variation, equipment component variation, equipment control adjustment, load variation, 
signal variation, environmental conditions, and variations in the characteristics of all electronic devices. 


The equipment manufacturer should design so that, initially, no design centre value for the intended 
service is exceeded with a bogey electronic device i in equipment operating at the stated normal supply 
voltage. 
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HANDLING MOS DEVICES 


Though all our MOS integrated circuits incorporate protection against electrostatic discharges, they 
can nevertheless be damaged by accidental over-voltages. In storing and handling them, the following 
precautions are recommended. 


Caution 


Testing or handling and mounting call for special attention to personal safety. Personnel handling MOS 
devices should normally be connected to ground via a resistor. 


Storage and transport 


Store and transport the circuits in their original packing. Alternatively, use may be made of a conductive 
material or special IC carrier that either short-circuits all leads or insulates them from external contact. 


Testing or handling 


Work on a conductive surface (e.g. metal table top) when testing the circuits or transferring them from 
one carrier to another. Electrically connect the person doing the testing or handling to the conductive 

surface, for example by a metal bracelet and a conductive cord or chain. Connect all testing and hand- 

ling equipment to the same surface. | 

Signals should not be applied to the inputs while the device power supply is off. All unused input leads 
should be connected to either the supply voltage or ground. 


Mounting 


Mount MOS integrated circuits on printed circuit boards after all other components have been mounted. 
Take care that the circuits themselves, metal parts of the board, mounting tools, and the person doing 
the mounting are kept at the same electric (ground) potential. If it is impossible to ground the printed- 
circuit board the person mounting the circuits should touch the board before bringing MOS circuits 

into contact with it. 


Soldering 


Soldering iron tips, including those of low-voltage irons, or soldering baths should also be kept at the 
same potential as the MOS circuits and the board. 


Static charges 


Dress personnel in clothing of non-electrostatic material (no wool, silk or synthetic fibres). After the 
MOS circuits have been mounted on the board proper handling precautions should still be observed. 
Until the sub-assemblies are inserted into a complete system in which the proper voltages are supplied, 
the board is no more than an extension of the leads of the devices mounted on the board. To prevent 
static charges from being transmitted through the board wiring to the device it is recommended that 
conductive clips or conductive tape be put on the circuit board terminals. 


Transient voltages 


To prevent permanent damage due to transient voltages, do not insert or remove MOS devices, or 
printed-circuit boards with MOS devices, from test sockets or systems with power on. 


Voltage surges 
Beware of voltage surges due to switching electrical equipment on or off, relays and d.c. lines. 
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DEVICE DATA 


Objective Specification 


Linear Products 


DESCRIPTION 

The MC3361 is a monolithic low-power 
FM IF signal processing system consist- 
ing of an oscillator, mixer, limiting ampli- 
fier, quadrature detector, filter amplifier, 
squelch, scan control and mute switch. It 
is intended for use in narrow band FM 
dual conversion communications equip- 
ment. The MC3361 is available in a 16- 
lead, dual-in-line plastic package and 
16-lead SO (surface-mounted miniature 
package). 
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FEATURES 
e 2.0V to 8.0V operation 


e Low current: 4.2mA typ at 
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e Excellent sensitivity: 2.0uV for 
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e Operation to 60MHz 


APPLICATIONS 
e Cordiess telephone 


e Narrow band receivers 
e Remote control 


FILTER RECOVERED 
INPUT 


SQUELCH FILTER 
IN OUTPUT 


DEMODULATOR 


LIMITER 
INPUT 


MC3361 


PIN CONFIGURATION 


CRYSTAL 
OSC. 
MIXER 
OUTPUT 
Vec 
LIMITER 
INPUT 
DECOUPLING 


LIMITER 
OUTPUT 
QUAD 
INPUT 
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| tye_| Max 
Drain current (no signal) 

Squelch off 4 4.2 7.0 mA 
[trput ing vetege——=SS~S*~*~‘~rtCSSS*dYCSC Sing =| S|] 8] 
[petecor ouput votege —SSSCSC=~iSC SP SCSSSC~‘i 
[petecor ouputimpederce ——Ss=SC=~“‘dRS*C“‘“(SOW™OOCSSSCSC*‘“R w|i 
a 

Filter output voltage i ae 
et ae ek 
[Seen tution ow trate ot) ——=SS~SC*dSCS |e too «| SSS | Me 
[sean tureton righ (rue on) iY Pes [| ee 
eae oe 
se fe 
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MC3361. 


ORDERING CODE | 


f 2eeG DESCRIPTION ORDER CODE 
Plastic; 0 to +70°C MC3361N 


Plastic; SO (surface-mounted miniature package); - 
0 to +70°C Be 


ABSOLUTE MAXIMUM RATINGS (7, = 25°C, unless otherwise noted) 


Lo el Detector input voltage a i Vp.p 
input voltage (Voo=4.0V) — ae 
Raa TOO NE SRE” Re 
Operating ambient temperature range | [80 to +75 | 


AC & DC ELECTRICAL CHARACTERISTICS (Vcc = 4.0Vpc, fo = 10.7MHz, Af= +3.0kHz, fon = 1.0kHz, Ta = 25°C 


unless otherwise noted.) 


PARAMETER 
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Low power FM IF 


TEST CIRCUIT 


oF 
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id 
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! 
J QUAD COIL 


RMC-2A6597HM 


O.01uF 
> MIXER INPUT 
10.7MHz 


O AUDIO MUTE 


O SCAN CONTROL 
10k 


O SQ SW INPUT 
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={(—0 FILTER AMP OUT 
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1-0 FILTER Amp IN 
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T 0.01 uF 


TCOSBIOS 


MC3361 


April 1986 


MEA8000 


VOICE SYNTHESIZER 


GENERAL DESCRIPTION 


The MEA8000 is a 24-pin N-MOS integrated circuit for generating good quality speech from digital 
code with a programmable bit rate. The circuit is primarily intended for applications in microprocessor 
controlled systems, where the speech code is stored separately. 


Features 


@ Interfaces easily with most popular microprocessors and microcomputer 
8-bit wide data bus 

32-bit wide data buffer holding speech frame codes 

Digital filter of 8th order with 3 programmable formant frequencies, one fixed formant frequency, 
and 4 programmable formant bandwidths 

Programmable amplitudes 

Programmable duration of each frame; 8, 16, 32 or 64 ms 

Synthesis occupies less than 1% of control processor time 

Capable of sophisticated unvoiced sound generation 

Crystal controlled oscillator or external (TTL) clock 

Minimal external audio filter requirement 

Single + 5 V power supply 


QUICK REFERENCE DATA 


ae ae a ae 


Supply voltage pin 13 


Supply current no audio load 30 50 mA 


Inputs 

Input voltage — Vpp V 
Input voltage : ~ 0,8 V 
Input capacitance — 7 pF 


Outputs 

Output voltage = — — V 
Output voltage = 1, — 0,4 V 
Capacitance — 30 pF 


Operating ambient 
temperature range _ +70 oC 


PACKAGE OUTLINE 
24-lead DIL; plastic (SOT-101A). 
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wa COMMAND 
ae —onee 
GEO 
; SYNTHESIZER 
TEST MICRO— STATUS BIT (INCLUDING 
AN o PROCESSOR WAVEFORM 
INTERFACE Ser 
DO to DE | Sane FILTERS) 
PARAMETER 
REQEN © * Cae DECODING 
DED O AND 
EQ DATA REG INTERPOLATION 
OSC OUT o ’ 
D/A 
0 IMING 
Vss 0 
Vppo 
n.c. O * 's le 
7280537 rae OUT —sREF 
Fig. 1 Block diagram. 
PINNING 
1 Vgs ground 
2 REO data request 
; 4s ground = Vss 1 | TEST _ test use only 
5 D5 data request REQ W = write 
: data bus D7 R/W read/write 
8 D2 D6 CLK OUT internal clock output 
9 es D5 QUT speech output 
10 DO ; 
11. AO data/control input D4 REF reference current 
12 CE chip enable Gata. bus MEA8000 Bie. oped 
13. Vpp supply voltage PS a 
14 REQEN request enable input D2 OSC OUT 
15 N.C. not connected internal oscillator 
18 OSCIN, Yo cies ot [16] OSC IN 
- internal oscillator 
17. OSC OUT J DO 115} nc 
18 CLK IN clock input 
19 REF reference current data/contro! AO 14 | REQEN _ request enable 
20 OUT speech output chip enable CE 113} Vop supply voltage 
21 CLKOUT _ internal clock output 
22 RW read/write 7280538 
23 W write 
24 ‘TEST test use only Fig. 2 Pinning diagram. 
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FUNCTIONAL DESCRIPTION (pin number) 


Control 
DO to D7 (10 to 3) Data bus to which command or speech can be written. 
D7 (3) Data port via which the status can be read. 
CE (12) Chip enable (chip select). 
W (23) Write. 
R/W (22) Read/Write _ 7 
The control signals W and R/W allow connections to most microcomputers 
Or microprocessors (see timing diagrams). 
AO (11) Data/control input: discriminates between speech code input buffer 
(AO = ‘0’) and command register (AO = ‘1’) during a ‘write’ operation. 
REQ (2) Data request (open drain output); output signal which follows inverse of the 


status REQ bit, but only if enabled by either the ROE bit in the command 
register or the external REOEN pin. 


REQEN (14) Request enable input; REQEN = ‘0’ enables the status REO output, 
independent of the status of the command register. 


Timing 
OSC IN (16) 


OSC OUT (17) Connections for internal clock oscillator; nominal crystal frequency 4 MHz. 


CLK IN (18) Clock input for external clock, TTL compatible, 4 MHz. 

CLK OUT (21) A buffered output for the internal clock cycle (which is equal to CLK 
divided by 3). May be used as a clock, for a microprocessor, for example. 

Output 

REF (19) Input pin for biasing the audio output level. This reference current can be 
derived from a resistor to the positive supply. 

OUT (20) Speech output; this output is a 64 kHz pulse, modulated in both width and 
amplitude. It is configured as a current sink with a saturating voltage of 
about 3 V. 

Supply 

VDD (13) Single supply voltage, nominally 5 V, but battery operation is possible. 

Vss (1) Ground. 

TEST (24) Used for testing purposes. Changes other pin functions. Must be tied to 
ground for user operation. 

NC (15) It is recommended to ground this pin. 

HANDLING 


Inputs and outputs are protected against electrostatic charge in normal handling. However, to be 
totally safe, it is desirable to take normal precautions appropriate to handling MOS devices (see 
‘Handling MOS Devices’). 
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RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 


VppD 


on any pin V\ 

pins 2and 20 | VReO, VOUT 
' stg 

Tamb 


parameter 


+7 V 


+7 IV 


Supply voltage range 


Voltage with respect to Vss 


Output voltage 
Storage temperature range 
Operating ambient temperature range 
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CHARACTERISTICS 
Tamb = 25 °C; Vpp = 5 V, unless otherwise specified; all voltages referenced to Vss 


parameter 


note 1 


Symbol 


Supply voltage 


Supply current no audio load 


inputs 


DO to D7, AO, CE, W, 
R/W, REQEN, CLK IN 


Input voltage HIGH 
Input voltage LOW 


Input leakage current 


Input capacitance 


Outputs 
D7 (I/O), CLK OUT 

Output voltage HIGH 
Output voltage LOW 


—loyH = 100 pA 
lol = 1,6 mA 


Output load capacitance 


REQ 
Output voltage HIGH 
Output voltage LOW 
Output load capacitance 


open drain 


lo. = 1,6 mA 


Audio output 


pin 19; note 8 
pin 20; 

peak value 
[REF =OmA 
IRpeEF=0,1 mA 
IReEF=O,3mMmA 


Reference current 


Output current 


pin 20; for 
linear operation; 
note 3; 

IREF =0,1 mA 


Output voltage 


Oscillator 


Crystal frequency internal 


Clock frequency external 
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TIMING CHARACTERISTICS (note 4) (Figs 6 and 7) 
parameter | condition 


Write enable 

Address set-up 

Address hold 

Data set-up for write 

Data hold for write 

Request hold note 5 


Request next note 6 
clock frequency 
= 3,84 MHz 


Read enable 

Data delay for read note 7 
Data floating for read note 7 
Request valid before write 


Request output enable 
response 


Control set-up 
Control hold 


Notes 


1. The circuit will continue to operate from a supply of up to 6,5 V, but without necessarily meeting 
the specification. 


2. This is also valid for Vpp =O V. 
3. This permits the connection of the output load to a supply higher than that supplying the synthesizer. 
4. Timing reference level is 1,5 V. 


5. An external pull-up resistor is required, as this is an open drain output. 
\ The time (tp) to reach 2,0 V is specified at a load to 5 V of 3,3 kQ and 50 pF. 


6. Between two data write operations of one speech frame. 


7. Levels greater than 2,0 V for a ‘1’ or less than 0,8 V for a ‘0’ are reached with a load of one TTL 
input and 50 pF. 7 Pe 


8. Typical voltage level at the REF pin is 2,5 V. 
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OPERATION PRINCIPLE 


The MEA8000 has been designed for a vocal tract modelling technique of voice synthesis. This method 
gives the lowest possible bit rate for speech quality which is acceptable for most industrial applications. 


Figure 3 shows a simplified electronic model of the human vocal tract as a formant synthesizer. A 
combination of a periodic signal, representing the pitch of the original speech, and an aperiodic signal, 
representing the unvoiced sound in the speech. Both these signals are fed to a variable filter comprising 
four resonantors (via an amplifier which controls the amplitude of the synthesized sound). The 
resonators model the sound in accordance with the formats in the original speech. Each resonator 

is controlled by two parameters, one for the resonant frequency and one for the bandwidth. 

The information required to control the synthesizer is: 


— pitch | 
— amplitude excitation source (vocal cords) 
— voice/unvoiced source selector J 
— filter contro! spectrum shaping (vocal tract) 


A good replica of the original speech is obtained by periodic updating of this control information. 


PITCH PI AMPL FM1 FM2 FM3 
BW1 BW2 BW3 BW4 
Se ey 
| 
a 
voiced | 


@ 
DAC out 
e@ 
Nal dn, GAIN spectral shaping 
NOISE resonators 


unvoiced 


7280539 


Fig. 3 Electronic model of human vocal tract. 


OPERATION 


Speech is generated by suitable filtering of a relatively low frequency sawtooth waveform for voiced 
sounds, or of random noise for unvoiced sounds. New parameters for both the digital waveform 
generator and the digital filter are supplied to the synthesizer in coded groups of 4 bytes via the data 
bus. The code group also contains the duration of the next speech frame to be produced (8, 16, 32 
or 64 ms). 


The output sample rate is 64 kHz or 8 times the internal sample rate with linear interpolation in 
between. This greatly reduces the need for an external analogue output filter. 


Modes of operation 


1. STOP mode: characterised by a silent output and the status REO bit set to ‘1’. This mode is entered 
from power up or by STOP command. The mode is entered automatically if at the end of an active 
speech frame the next four parameter bytes are not yet received while the CONT bit in the command 
register is a ‘O’. In the latter case the final speech frame will be repeated once but with a decaying 
amplitude and the same pitch. 


2. ACTIVE mode: a speech sample is being produced. 


3. CONTINUOUS mode: entered if an active speech frame is finished and new data is not supplied in time 
while the CONT bit in the command register is a‘1’. The synthesizer will repeat the last speech frame 
indefinitely until all four new data bytes are received, or a STOP command, ora reset of the CONT bit. 
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Speech code input buffer 


Speech code is written to the synthesizer when CE and W are both ‘0’, while R/W =‘1' and AO = ‘0’. 
Also the status REO bit must read a ‘1’, otherwise the synthesizer is still busy and will not react to a 
data write operation. : 3 
Starting from the STOP mode, the first data will be interpreted as a starting value for the PITCH. 
Thereafter every four successive data bytes are treated as a group of speech code. The coded speech 
frame format is shown in Fig. 4. 


BW1 | BW2 | BW3 | BW4 FM3 | FM2 FM1 | AMPL | FD | P| 


byte 1 byte 2 byte 3 byte 4 


7280540 


Fig. 4 Format of coded speech frame. 
parameter 


initial value for pitch - 

speech frame duration 

pitch increment (rate of change) or noise selection 

amplitude 

frequency of 1st formant 

frequency of 2nd formant 

frequency of 3rd formant 

frequency of 4th formant (fixed) 
- bandwidth of 1st formant 

bandwidth of 2nd formant 

bandwidth of 3rd formant 

bandwidth of 4th formant 


ees: 
o> 
wn 


During each data write operation, the status REQ bit will be cleared to ‘0’. 

It appears within a few microseconds, requesting the next byte of the group. 

The request for the first byte of the next group always appears shortly after the beginning of the 
current speech frame, and all four bytes must be provided before it finishes. This leaves the control 
circuit (i.e. microprocessor) enough time to use polling, instead of interrupts, as the minimum time of 
a speech is 8 ms. 


When in the STOP mode the synthesizer will commence producing sound after receipt of 1 + 4 bytes. 


Status bit 


The status bit is accessed at CE = RW ='0.. 
The status of W and AO are arbitrary. | 
Pin D7 reveals the request for a (next) speech code byte: ‘0’ = busy, ‘1’ = request for data. 
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Command register 
A command is written to the synthesizer at CE = W = ‘0’ while AO = R/W = ‘1’. 


STOP CONT CONT 
enable 


00 = INVALID 
01 = INVALID 
10 = SLOW STOP 


00 = INVALID 
01= INVALID 


10 = DISABLE 
REQ OUTPUT 


11 = ENABLE 
REQ OUTPUT 


‘0’ = INVALID 


NOT USED 


11 = CONTINUE 


STOP Stop mode. This results in an immediate reset of the synthesizer to the STOP mode. The 
ROE and CONT are not affected by this command. 
CONT Continuous mode. This bit can be set or cleared only if the corresponding CONT enable 


bit is programmed as a ‘1’. In the continuous mode the synthesizer will not revert to the 
STOP mode if all four parameters are not received before the end of the current speech 
frame, but repeat it indefinitely. 


If CONT = ‘1’ the last frame will be repeated once with decaying amplitude and the same 
pitch before the stop mode is entered. 


ROE Request Output Enable. This can be set or cleared only if the corresponding ROE enable 
bit is a‘1’. ROE determines whether the request in the status bit appears on the REQ pin. 


Note: the same can be achieved by connecting the REQEN pin (request enable) to a ‘0’. 


After power on, the command register bits CONT and ROE will both be zero. Thus power on equals 
the command 00011010 = 1 A (hexadecimal). 


Control signals 


With the three control signals CE, W and R/W the synthesizer is made compatible with most micro- 


ee 


WRITE DATA 
WRITE COMMAND 


processors and microcomputers. 


READ STATUS 


| 3-STATE DATA BUS 


Power supply 


During (slow) power up or power down the circuit will not produce any spurious sound. As soon as 
the supply is high enough for reliable operation, the circuit will be in the STOP mode with 
ROE = CONT = 0’. 
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Timing diagrams 


The control signals CE, R/W and W have been specified to enable easy interface to most micro- 
processors and microcomputers. For instance, with connection to an MAB8048 microcomputer the 
R/W and W inputs can be used as the RD and WR strobe inputs. 


trp 
CE 
CE used - 
as strobe tes tcH 
W a 'Q' 7 
R/W 
Rw = 
R/W used as 
read strobe tos tcH 
CE="0" _ 
Ww 
‘DF 


Fig. 6 Read timing, 


7Z80542 
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CE used 
as strobe 


W =’0' 


W used 
as write 
‘strobe 
CE ='0’ 


data 
write 


command 
write 


to ROE 


twR 
CE 
R/W 

tcs tCH 
R/W 
Ww 

command = ‘1’ 

»—{ PEST) 


DO-—-—-D7 


Pe) 
m 
O 
a 
9) 
< 
e+ g 
PS) 
> \/ 


7280543 


Fig. 7 Write timing. 
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SINGLE CHIP 
MICROCOMPUTER 


(a) Minimum system of single chip microcomputer with voice ROM on board. 


CONTROL 
PROCESSOR 


7280544 
(c) Applications using separate voice ROMs. 


Fig. 8 Typical applications. 
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+5V 


BC338 
+ 
I 
470 uF 
OUT 
MEA8000 BC328 
BC549C 99 
nF 
7280536 


Fig. 9 Typical output applications. 


MEA8000 MEA8000 MEA8000 


osc OSC CLK osc OSC CLK OSC OSC CLK 


IN OUT IN 


IN OUT IN IN OUT IN 


Fig. 10 Oscillator/clock configurations. 


clock 
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TONE DECODER/PHASE LOCKED LOOP 


DESCRIPTION FEATURES PIN CONFIGURATIONS 
The SE/NE567 tone and frequency decoder ° Wide frequency range (.01Hz to 500kHz) FE. D. N PACKAGE 
is a highly stable phase-locked loop with © High stability of center frequency aie 
synchronous AM lock detection and power © independently controllable bandwidth OUTPUT FILTER rarournur 
Output circuitry. Its primary function is to (up to 14 percent) Arcade au esip 
drive a load whenever a sustained frequen- ° High out-band signal and nolse rejection CAPACITOR C2 L2J GROURe 
cy within its detection band is presentatthe © Logic-compatible output with 100mA INPUT [37 ey CLENENTECAG 
self-biased input. The bandwidth center current sinking capability supPLy 7] G Sree 
frequency, and output delay are independ- © Inherent immunity to false signals een Y ELEMENT A, 
ently determined by means of four external © Frequency adjustment over a 20 to 1 TOP.NIEW 
components. range with an external resistor F PACKAGE 

© Military processing available 

APPLICATIONS 


Touch Tone® decoding 

Carrier current remote controls 
Ultrasonic controls (remote TV, etc.) 
Communications paging 

Frequency monitoring and control 
Wireless intercom 

Precision oscillator 


ABSOLUTE MAXIMUM RATINGS "TOP VIEW 


PARAMETER RATING UNIT 


Operating temperature 
NE567 
SE567 
Operating voltage 
Positive voltage at input 
Negative voltage at input 
Output voltage (collector 
of output transistor) 
Storage temperature 
Power dissipation 


0 to +70 
-55 to +125 


-65 to +150 
300 


BLOCK DIAGRAM 


: CURRENT 
CT ett 
: ORCILLATOR 


QUADAATUR 
ASE 
OE&TECTOR 
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EQUIVALENT SCHEMATIC 


60 January 1985 | | | 


Tone decoder/phase locked loop SE/NE567 


DC ELECTRICAL CHARACTERISTICS = (v+ = 5.0V;: Ta = 25°C unless otherwise specified.) 


Co ee ue | 
| paraereR =| Test conpimions: Se atm Pe ie 


CENTER FREQUENCY! 
Highest center frequency (fo) 


Center frequency stability2 -55 to +1265°C 
0 to +70°C 
Center frequency distribution fy = 100kHz=1.1/R,C, 


Center frequency shift with supply voltage f, = 100kHz=1.1/R,C, 


DETECTION BANDWIDTH 

Largest detection bandwidth fy = 100kHz = 1.1/R,C, % of fo 
Largest detection bandwidth skew % Of fo 
Largest detection bandwidth— Vi = 300mMVrms +0. +0. %/°C 
variation with temperature 

Largest detection bandwidth— Vi = 300mVrms ag + %/V 
variation with supply voltage 


INPUT 
Input resistance 


Smallest detectable input voltage (Vj) IL = 100mA, fi = fo 
Largest no-output input voltage It = 100mA, fi = fo 


Greatest simultaneous outband 

signal to inband signal ratio 

Minimum input signal to wideband Bn = 140kHz 
noise ratio 


OUTPUT 

Fastest on-off cycling rate 

“1” output leakage current Vg = 15V 

“0” output voltage IL = 30mMA 
IL = 100mA 

Output fall times Ri. = 509 

Output rise time3 Ri = 509 

GENERAL 

Operating voltage range 


Supply current quiescent 


Supply current—activated Rr = 20k 

Quiescent power dissipation 
NOTES 
1. Frequency determining resistor Ry should be between 2 and 20k. 3. Pin 8 to Pin 1 feedback R_ network selected to eliminate pulsing during turn-on and 
2. Applicable over 4.75 to 5.75 volts. See graphs for more detailed information. turn-off. 


TYPICAL PERFORMANCE CHARACTERISTICS 


BANDWIDTH vs INPUT LARGEST DETECTION DETECTION BANDWIDTH AS 
SIGNAL AMPLITUDE BANDWIDTH vs A FUNCTION OF Ca and C3 
OPERATING FREQUENCY 


foC3 (Hz #F) 


INPUT VOLTAGE — mVrms 


LARGEST BANDWIDTH — % OF f, 
fgCa (Hz uF) 


ees 
ae nee 


4 8 10 12 14 16 0.1 1 1 8 10 12 14 
BANDWIDTH — % OF f, CENTER FREQUENCY — kHz BANDWIDTH — % OF f, 
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TYPICAL PERFORMANCE CHARACTERISTICS (Cont'd) 


TYPICAL SUPPLY CURRENT GREATEST NUMBER OF CYCLES TYPICAL OUTPUT VOLTAGE 
vs SUPPLY VOLTAGE BEFORE OUTPUT vs TEMPERATURE 


25 
or I le ey Ls (BSCR a See pha 
Tee NC Hegiaeshae 
NO LOAD : : 
‘ON” CURRENT r . EXTERNAL RESISTOR 
pZap2n man Pain 
| -— QUIESCENT ae Se Os | 
Se CURRENT eee 
ANDWIOT : — 
LETT Te Cor MEE DBC: i Sb oe 
7 8 9 10 


-75 -25 0 25 50 75 100 125 


CYCLES 


SUPPLY CURRENT — mA 
OUTPUT VOLTGE PIN 8 — V 


SUPPLY VOLTAGE — V BANDWIDTH — % of fo TEMPERATURE — °C 


TYPICAL FREQUENCY DRIFT TYPICAL FREQUENCY DRIFT TYPICAL FREQUENCY DRIFT 
WITH TEMPERATURE WITH TEMPERATURE WITH TEMPERATURE 
(MEAN AND S.D.) (MEAN AND S.D.) (MEAN AND S.D.) 


(2) +V=7.0 VOLTS (1) 
~~ +V=9.0 VOLTS (2) 
VERSE RE 
ASS 


~75 -25 0 25 


TEMPERATURE — °C TEMPERATURE — °C TEMPERATURE — °C 


CENTER FREQUENCY CENTER FREQUENCY TYPICAL BANDWIDTH VARIATION 
TEMPERATURE COEFFICIENT SHIFT WITH SUPPLY WITH TEMPERATURE 
(MEAN AND S.D.) VOLTAGE CHANGE vs 
OPERATING FREQUENCY 


1.0 

a 
oe a a 
of ab a | 


TEMPERATURE COEFFICIENT 
BANDWIDTH — % OF f, 


ae 
| atsorcrorore| | | | 
Baas eae 


5.0 5.5 6.0 6.5 


SUPPLY VOLTAGE — V CENTER FREQUENCY — kHz TEMPERATURE — °C 
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DESIGN FORMULAS 


1.1 
Ric 


Vi 
BW = 1070 / in % of fo, Vi < 200mMVrms 
foC2 


Where 


fo = 


Vi = Input Voltage (Vrms) 
C2 = Low-Pass Filter Capacitor (uF) 


PHASE LOCKED LOOP 
TERMINOLOGY CENTER 
FREQUENCY (fo) 


The free-running frequency of the current 
controlled oscillator (CCO) in the absence 
of an input signal. 


Detection Bandwidth (BW) 

The frequency range, centered about fo, 
within which an input signal above the 
threshold voitage (typically 20mVrms) will 
cause a logical zero state on the output. The 
detection bandwidth corresponds to the 
loop capture range. 


Lock Range 

The largest frequency range within which 
an input signal above the threshold voltage 
will hold a logical zero state on the output. 


Detection Band Skew 

A measure of how well the detection band is 
centered about the center frequency, fo. The 
skew is defined as (fmax + fmin -2fo)/2fo 
where fmax and fmin are the frequencies 
corresponding to the edges of the detection 
band. The skew can be reduced to zero if 
necessary by means of an optional center- 
ing adjustment. 


OPERATING INSTRUCTIONS 


Figure 1 shows a typical connection dia- 
gram for the 567. For most applications, the 
following three-step procedure will be 
sufficient for choosing the external compo- 
nents R1, C1, C2 and C3. 


1. Select Ri and C: for the desired center 
frequency. For best temperature stability, 
Ri should be between 2K and 20K ohm, and 
the combined temperature coefficient of the 
R1C; product should have sufficient stabili- 
ty over the projected temperature range to 
meet the necessary requirements. 


2. Select the low pass capacitor, C2, by 
referring to the Bandwidth versus Input 
Signal Amplitude graph. If the input ampli- 
tude variation is known, the appropriate 
value of foC2 necessary to give the desired 
bandwidth may be found. Conversely, an 
area of operation may be selected on this 
graph and the input level and C2 may be 
adjusted accordingly. For example, con- 


TYPICAL RESPONSE 


Response to 100mVrms tone burst. 
Ri = 100 ohms. 


Output 


Response to same input tone burst 
with wideband noise. 


_S. = -6db Ri = 100 ohms 
N Noise Bandwidth = 140Hz 


stant bandwidth operation requires that 
input amplitude be above 200mVrms. The 
bandwidth, as noted on the graph, is then 
controlled solely by the foC2 product (fo 
(Hz), Ca (yu fd)). 


3. The value of C3 is generally non-critical. 
C3 sets the band edge of a low pass filter 
which attenuates frequencies outside the 
detection band to elminate spurious out- 
puts. If C3 is too small, frequencies just 
outside the detection band will switch the 
output stage on and off at the beat frequen- 
cy, or the output may pulse on and off 
during the turn-on transient. If C3 is too 
large, turn-on and turn-off of the output 
stage will be delayed until the voltage on C3 
passes the threshold voltage. (Such delay 
may be desirable to avoid spurious outputs 
due to transient frequencies.) A typical 
minimum value for C3 is 2Cz2. 


AVAILABLE OUTPUTS (Figure 2) 


The primary output is the uncommitted 
output transistor collector, pin 8. When an 
in-band input signal is present, this transis- 
tor saturates; its collector voltage being less 
than 1.0 voit (typically 0.6V) at full output 
current (100mA). The voltage at pin 2 is the 
phase detector output which is a linear 
function of frequency over the range of 0.95 
to 1.05 fo with a slope of about 20mV per 
percent of frequency deviation. The average 
voltage at pin 1 is, during lock, a function of 
the inband input amplitude in accordance 
with the transfer characteristic given. Pin 5 
is the controlled oscillator square wave 


SE/NE567 


Cy 
Jerre 
FILTER 


output of magnitude (+V -2Vbe) = (+V -1.4V) 
having adc average of +V/2. A 1kN. load may 
be driven from pin 5. Pin 6 is an exponential 
triangle of 1 volt peak-to-peak with an 
average dc level of +V/2. Only high imped- 
ance loads may be connected to pin 6 
without affecting the CCO duty cycle or 
temperature stability. 


OPERATING PRECAUTIONS 


A brief review of the following precautions 
will help the user achieve the high level of 
performance of which the 567 is capable. 


1. Operation in the high input level mode 
(above 200mV) will free the user from 
bandwidth variations due to changes in the 
in-band signal amplitude. The input stage is 
now limiting, however, so that out-band 
signals or high noise levels can cause an 
apparent bandwidth reduction as the in- 
band signal is suppressed. Also, the limiting 
action will create in-band components from 
sub-harmonic signals, so the 567 becomes 
sensitive to signals at fo/3, fo/5, etc. 


2. The 567 will lock onto signals near (2n + 
1) fo, and will give an output for signals near 
(4n + 1) fowheren=0, 1, 2, etc. Thus, signals 
at 5fo and 9fo can cause an unwanted 
output. If such signals are anticipated, they 
should be attenuated before reaching the 
567 input. 


3. Maximum immunity from noise and out- 
band signals is afforded in the low input 
level (below 200mVrms) and reduced band- 
width operating mode. However, decreased 
loop damping causes the worse-case lock- 
up time to increase, as shown by the 
Greatest Number of Cycles Before Output 
vs Bandwidth graph. 


4. Due to the high switching speeds (20ns) 
associated with 567 operation, care should 
be taken in lead routing. Lead lengths 
should be kept to a minimum. The power 
supply should be adequately bypassed 
close to the 567 with a 0.01,yF or greater 
capacitor; grounding paths should be 
carefully chosen to avoid ground loops and 
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unwanted voitage variations. Another factor 
which must be considered is the effect of 
load energization on the power supply. For 
example, an incandescent lamp typically 
draws 10 times rated current at turn-on. This 
can cause supply voltage fluctuations 
which could, for example, shift the detec- 
tion band of narrow-band systems suffi- 
ciently to cause momentary loss of lock. 
The result is a low-frequency oscillation 
into and out of lock. Such effects can be 
prevented by supplying heavy load currents 
from a separate supply or increasing the 
supply filter capacitor. 


SPEED OF OPERATION 


Minimum lock-up time is related to the 
natural frequency of the loop. The lower it 
is, the longer becomes the turn-on tran- 
sient. Thus, maximum operating speed is 
obtained when C2 is at a minimum. When 


the signal is first applied, the phase may be — 


such as to initially drive the controlled 
oscillator away form the incoming frequen- 
cy rather than toward it. Under this condi- 
tion, which is of course unpredictable, the 
lock-up transient is at its worst and the 
theoretical minimum lock-up time is not 
achievable. We must simply wait for the 
transient to die out. 


The following expressions give the values of 
C2 and C3 which allow highest operating 
speeds for various band center frequencies. 
The minimum rate at which digital informa- 
tion may be detected without information 
loss due to the turn-on transient or output 
chatter is about 10 cycles per bit, corre- 
sponding to an information transfer rate of 
fo/10 baud. 


In cases where turn-off time can be sacri- 
ficed to achieve fast turn-on, the optional 
sensitivity adjustment circuit can be used to 
move the quiescent C3 voltage lower (closer 
to the threshold voltage). However, sensitiv- 
ity to beat frequencies, noise and extrane- 
ous signals will be increased. 


OPTIONAL CONTROLS (Figure 3) 


The 567 has been designed so that, for most 
applications, no external adjustments are 
required. Certain applications, however, 
will be greatly facilitated if full advantage is 
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OuTPUT, 
(PIN 8) 


---7 >> 


IN-BAND 
INPUT 
VOLTAGE 


f Ve 
7% 16% + BW 


Vee (SAT) < 1.0V 


Figure 2 


taken of the added control possibilities 
available through the use of additional ex- 
ternal components. In the diagrams given, 
typical values are suggested where appli- 
cable. For best results the resistors used, 
except where noted, should have the same 


INCREASE 
SENSITIVITY 


5K 
INCREASE 
SENSITIVITY 


DECREASE 
Rs ea 


Rc 
1.0K 


SILICON 
OIOOES FOR 
TEMPERATURE 
COMPENSATION 
(OPTIONAL) 


temperature coefficient. Ideally, silicon di- 
odes would be low-resistivity types, such 
as forward-biased transistor base-emmiter 
junctions. However, ordinary low-voltage 
diodes should be adequate for most appli- 
cations. 


Tone decoder/phase locked loop 


SENSITIVITY ADJUSTMENT 


(Figure 3) 

When operated as a very narrow band de- 
tector (less than 8 percent), both C2 and C3 
are made quite large In order to improve 
noise and outband signal rejection. This will 
inevitably slow the response time. If, how- 
ever, the output stage is biased closer to the 
threshold level, the turn-on time can be 
improved. This is accomplished by drawing 
additional current to terminal 1. Under this 
condition, the 567 will also give an output 
for lower-level signals (10mV or lower). 


By adding current to terminal 1, the output 
stage is biased further away from the 
threshold voltage. This is most useful when, 
to obtain maximum operating speed, C2 and 
C3 are made very small. Normally, frequen- 
cies just outside the detection band could 
cause false outputs under this condition. By 
desensitizing the output stage, the outband 
beat notes do not feed through to the output 
stage. Since the input level must be some- 
what greater when the output stage is made 
less sensitive, rejection of third harmonics 
or in-band harmonics (of lower frequency 
signals) is also improved. 


CHATTER PREVENTION (Figure 4) 


Chatter occurs in the output stage when C3 
is relatively small, so that the lock transient 


and the AC components at the quadrature 


phase detector (lock detector) output cause 
the output stage to move through its thresh- 
old more than once. Many loads, for exam- 
ple lamps and relays, will not respond to the 
chatter. However, logic may recognize the 
chatter as aseries of outputs. By feeding the 
output stage Output back to its input (pin 1) 
the chatter can be eliminated. Three 
schemes for doing this are givenin Figure 4. 
All operate by feeding the first output step 
(either on or off) back to the input, pushing 
the input past the threshold until the tran- 
sient conditions are over. It is only neces- 
sary to assure that the feedback time con- 
stant is not so large as to prevent operation 
at the highest anticipated speed. Although 
chatter can always be eliminated by making 
C3 large, the feedback circuit will enable 
faster operation of the 567 by allowing C3 to 
be kept small. Note that if the feedback time 
constant is made quite large, a short burst at 
the input frequency can be stretched intoa 
long output pulse. This may be useful to 
drive, for example, stepping relays. 


DETECTION BAND CENTERING 
(OR SKEW) ADJUSTMENT 
(Figure 5) 


When it is desired to alter the location of the 
detection band (corresponding to the loop 
capture range) within the lock range, the 


T 10K 
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Figure 4 
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Rc 
1.0K 
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TEMPERATURE 
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Figure 5 


circuits shown above can be used. By mov- 
ing the detection band to one edge of the 
range, for example, input signal variations 
will expand the detection band in only one 
direction. This may prove useful when a 
strong but undesirable signal is expected on 
one side or the other of the center frequen- 
cy. Since Rgatso alters the duty cycle slight- 
ly, this method may be used to obtain a 
precise duty cycle when the 567 is used as 
an oscillator. 


ALTERNATE METHOD OF 
BANDWIDTH REDUCTION 


(Figure 6) 

Although a large value of C2 will reduce the 
bandwidth, it also reduces the loop damp- 
ing so as to slow the circuit response time. 
This may be undesirable. Bandwidth can be 
reduced by reducing the loop gain. This 
scheme will improve damping and permit 
faster operation under narrow-band condi- 
tions. Note that the reduced impedance 
level at terminal 2 will require that a larger 


value of C2 be used for a given filter cutoff 
frequency. If more than three 567s are to be 
used, the network of Re and Rc can be 
eliminated and the Ra resistors connected 
together. A capacitor between this junction 
and ground may be required to shunt high 
frequency components. 


OUTPUT LATCHING (Figure 7) 


To latch the output on after a signal is 
received, it is necessary to provide a feed- 
back resistor around the output stage (be- 
tween pins 8 and 1). Pin 1 is pulled up to 
unlatch the output stage. 


REDUCTION OF C1 VALUE 
(Figure 8) 

For precision very low-frequency applica- 
tions, where the value of C; becomes large, 
an overall cost savings may be achieved by 
inserting a voltage follower between the R4 
C1 junction and pin 6, so as to allowa higher 
value of R1 and a lower value of C; fora 
given frequency. 
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PROGRAMMING TYPICAL APPLICATIONS 


To change the center frequency, the value 

of Ri can be changed with a mechanical or TOUCH-TONE® DECODER 
solid state switch, or additional C1 capaci- Te 

tors may be added by grounding them 
through saturating npn transistors. 


INPUT VOLTAGE Mv — RMS 


4 
tv] ere 
0 2 4 6 8 


‘DETECTION BAND — %of fy 


OPTIONAL SILICON 
DIODES FoR 
TEMPERATURE 
COMPENSATION 


hoK +p\ <C2< 1300 (10K +R 
fo R 


Adjust control for symmetry of detection band 
edges about fo. 


Component values (Typical) 
6.8 to 15K onm 
4.7K ohm 
20K ohm 
0.10 mtg 
1.0mtd 5V 
2 2mitd 6V 
250 uF 6V 


Figure 6 


OUTPUT LATCHING 


oV 


«Vv 


sawn 


UNLATCH 
Ca prevents latch-up when power supply is turned on. 


Figure 7 - Figure 8 
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TYPICAL APPLICATIONS (Cont'd) 


CARRIER-CURRENT REMOTE 
CONTROL OR INTERCOM 


@0Hz AC LINE 


INPUT 
CHANNEL 
OR RECEIVER 


1. Resistor and capacitor values chosen for desired frequencies and bandwidth. 
2. If Cg is made large so as to delay turn-on of the top 567, decoding of sequential (f; f2) 
tones ie possible. 


24% BANDWIDTH TONE DECODER 


INPUT SIGNAL 
(> 100mVrms) 


0° to 180° PHASE SHIFTER 


100rw (pe) 
SQUARE OR 


80m VAMS 
SINE INPUT 


Re ~ Ri/8 
Adjust RF; 80 that ¢ = 90° with contro! midway 
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TYPICAL APPLICATIONS (Cont'd) 


OSCILLATOR WITH OSCILLATOR WITH | PRECISION OSCILLATOR 
QUADRATURE DOUBLE FREQUENCY WITH 20ns SWITCHING 
OUTPUT OUTPUT 


CONNECT PIN 3 
TO 2.8V TO 
INVERT OUTPUT 


PULSE GENERATOR PRECISION OSCILLATOR TO PULSE GENERATOR 
WITH 25% SWITCH 100ma LOADS 
DUTY CYCLE 


1K 2 (MIN) 


*For additional information, consult the Applications Section. 
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DESCRIPTION 


The NE570/571 is a versatile low cost dual 
gain control circuit in which either channel 
may be used as a dynamic range compres- 
sor or expandor. Each channel has a full 
wave rectifier to detect the average value of 
the signal; a_ linerarized, temperature 
compensated variable gain cell; and an 
operational amplifier. 


The NE570/571 is well suited for use in cellu- 
lar radio and radio communications systems, 
modems, telephone, and satellite broadcast/ 
receive audio sytems. 


FEATURES 


e Complete compressor and expandor in 
11C 

Temperature compensated 

Greater than 110dB dynamic range 
Operates down to 6Vdc 

System levels adjustable with external 
components 

e Distortion may be trimmed out 


CIRCUIT DESCRIPTION 


The NES70/571 compandor building 
blocks, as shown in the block diagram, area 
full wave rectifier, a variable gain cell, an 
operational amplifier and a bias system. The 
arrangement of these blocks in the !C result 
ina circuit which can perform well with few 
external components, yet can be adapted to 
many diverse applications. 


The ful! wave rectifier rectifies the input 
curre’ 4 wich flows from the rectifier input, 
to ani. ernal summing node which is bi- 
ased at Vref. The rectified current is aver- 
aged on an external filter capacitor tied to 
the CReEcT terminal, and the average value 
of the input current controls the gain of the 
variable gain cell. The gain will thus be 
proportional to the average value of the 
input signal for capacitively coupled voltage 
inputs as shown in the following equation. 
Note that for capacitively coupled inputs 
there is no offset voltage capable of pro- 
ducing a gain error. The only error willcome 
from the bias.current of the rectifier (sup- 
plied internally) which is less than .1pA. 


\Vin — Vaerl avg. 
or 


oA Se 


The speed with which gain changes to fol- 
low changes in input signal levels is deter- 
mined by the rectifier filter capacitor. A 
small capacitor will yield rapid response but 
will not fully filter low frequency signals. 
Any ripple on the gain control signal wil! 
modulate the signal passing through the 
variable gain cell. In an expandor or com- 


Note: 
1. Supplied only in targe SO (Small Outline) package. 


COMPANDOR 


APPLICATIONS 


Cellular radio 

Telephone trunk compandor—570 
Telephone subscriber compandor—571 
High level limiter 

Low level expandor—noise gate 
Dynamic noise reduction systems 
Voltage controlled amplifier 

Dynamic filters 


ABSOLUTE MAXIMUM RATINGS 


Positive supply 
570 
571 


NE 
SA 


PD Power dissipation 


. BLOCK DIAGRAM 


THD TRIM 9 


variable 
gain cell 


RECTIFIER 


Y RECT CAP 


pressor application, this would lead to third 
harmonic distortion, so there is a tradeoff to 
be made between fast attack and decay 
times, and distortion. For step changes in 
amplitude, the change in gain with time is 
shown by this equation. 


G(t) = (Gjnitial - Gtinal) e-t/7 


+ tinal: T= 10K X Creot 

The variable gain cell is a currentin, Current 
out device with the ratio |OuT/I|N con- 
trolied by the rectifier. !jpy is the Current 
which flows from the AG input to an interna! 
summing node biased at Vrer. The follow- 
ing equation applies for capacitively cou- 
pled inputs. The output current, |OuT, is 
fed to the summing node of the op amp. 


PARAMETER RATING UNIT 


TA Operating temperature range 


NE570/571/SA571 


PIN CONFIGURATION 
D', F, N PACKAGE 


Rect Cap 1[ 1 | 
Rect Int | 2 | 


AG Cell In 1] 3 | 


16 | Rect Cap 2 
15 | Rect In 2 


114] AG Cell in 2 


110] Output 2 


THO Trim 1{ 8 | | 9 | THD Trim 2 


Order Part No. 
NES70 FN NES571 FN 
SA571 FN NES5710! 


NOTES: 

1. SOL - Released in Large SO package only. 
2. SOL and non-standard pinout. 

3. SO and non-standard pinouts. 


24 
18 


0 to 70 
-40 to +85 
400 


© INVERTER IN 


Vin: VrRer VIN 
NA RG 

A compensation scheme built into the AG 
cell compensates for temperature, and can- 
cels out odd harmonic distortion. The only 
distortion which remains is even harmonics, 
and they exist only because of internal 
offset voltages. The THD trim terminal pro- 
vides a means fornulling the internal offsets 
for low distortion operation. 


The operational amplifier (which is internal- 
ly compensated) has the non-inverting in- 
put tied to Vref. and the inverting input 
connected to the AG cell output as well as 
brought out externally. A resistor, R3, is 
brought out from the summing node and 
allows compressor or expandor gain to be 


determined only by internal components. 
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_ The output stage is capable of t20mA out- TYPICAL PERFORMANCE TYPICAL TEST CIRCUIT 


put current. This allows a +13dBm (3.5V CHARACTERISTICS 
rms) output into a 3002N load which, with a 


series resistor and proper transformer, can BASIC INPUT-OUTPUT 
result in +13dBm with a600N output imped- TRANSFER CURVE Vee = 18 
ance. 


*20 


A band gap reference provides the refer- 
ence voltage for all summing nodes, a regu- 
lated supply voltage for the rectifierand AG 
cell, and a bias current for the AG cell. The 
low tempco of this type of reference pro- 
vides very stable biasing over a wide tem- 
perature range. 


The typical performance characteristics il- 
lustration shows the basic input-output 
transfer curve for basic compressor or ex- 
pandor circuits. 


30 200=C«10— Os + 10 
COMPRESSOR OUTPUT LEVEL 
OR 


COMPRESSOR INPUT LEVEL OR EXPANDOR OUTPUT LEVEL (d8m} 


EXPANDOR INPUT LEVEL (dBm) 


Voc Supply voltage 
loc Supply current No signal 
Output current capability 
Output slew rate | 
Gain cell distortion? Untrimmed 
Trimmed 
Resistor tolerance 
Internal reference voltage 
Output de shift? Untrimmed 
Expandor output noise No signal, 15Hz-20kHz' 


Unity gain level 

Gain change?.é -40°C < T << 70°C 
0°C < TF < 70°C 

Reference drift4 ~40°C < T< 70°C 
OPG’A a SPOT 

Resistor drifté ,  -40°C < T < 70°C 
o°c < T << 70°C 


Tracking error (measured relative { Rectifier input, V2 = 
to value at unity gain) equals | Vo= +6dBm, V, =OdB 


[Vo — Vo(unity gain)] eat aan 
dB - VadBm 2= ~ 30dBm, V, =Od 


Channel Separation 
NOTES: 
Input to V, and V> grounded. 
Measured at OdBm, 1kHz. 
Expandor ac input change from no signal to OdBm. 
Relative to value at Ts = 25°C. 


Electrical characteristics for the SA571 only are specified over - 40 to + 85°C 
temperature range. 


apraon> 
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INTRODUCTION 


Much interest has been expressed in high per- 
formance electronic gain control circuits. For 
non-critical applications, an integrated circult 
operational transconductance amplifier can be 
used, but when high performance is required, 
one has to resort to complex discrete circuitry 
with many expensive, well matched compo- 
nents. This paper describes an Inexpensive 
integrated circuit, the NE570 Compandor, 
which offers a pair of high performance gain 
control circuits featuring low distortion (< .1%), 
high signal to noise ratio (90dB), and wide 
dynamic range (110dB). 


CIRCUIT BACKGROUND 


The NE570 Compandor was originally 
designed to satisfy the requirements of the 
telephone system. When several telephone 
channels are multiplexed onto a common line, 
the resulting signal to noise ratio is poor and 
companding is used to allow a wider dynamic 
range to be passed through the channel. 
Figure 1 graphically shows what a compandor 
- Can do for the signal to noise ratio of a 
restricted dynamic range channel. The input 
level range of + 20 to — 80dB is shown under- 
going a 2 to 1 compression where a 2cB input 
level change is compressed into a 1dB output 
level change by the compressor. The original 
100dB of dynamic range is thus compressed 
to a 50dB range for transmission through a 
resticted dynamic range channel. A comple- 
mentary expansion on the receiving end 
restores the original signal levels and reduces 
the channel noise by as much as 45aB. 


The significant circuits in a compressor or 
expandor are the rectifier and the gain control 
element. The phone system requires a simple 
full wave averaging rectifier with good accu- 
racy, since the rectifier accuracy determines 
the (input) output level tracking accuracy. The 
gain cell determines the distortion and noise 
characterics, and the phone system specifi- 
cations here are very loose. These specs 
could have been met with a simple opera- 
tional transconductance multiplier, or OTA, 
but the gain of an OTA is proportional to tem- 
perature and this is very undesirable. There- 
fore, a linearized transconductance multiplier 
was designed which is insensitive to tempera- 
ture and offers low noise and low distortion 
performance. These features make the circuit 
useful in audio and data systems as well as in 
telecommunications systems. 


BASIC CIRCUIT HOOKUP 
AND OPERATION 


Figure 2 shows the biock diagram of one 
half of the chip, (there are two identical 


channels on the I.C.). The full wave averag- 
ing rectifier provides a gain control current, 
la, for the variable gain (AG) cell. The output 
of the AG cell is a current which is fed to the 
summing node of the operational amplifier. 
Resistors are provided to establish circuit 
gain and set the output dc bias. 


RESTRICTED DYNAMIC 
RANGE CHANNEL 


OUTPUT 
5 LeveL 


Figure 1 


CHIP BLOCK DIAGRAM 
(1 OF 2 CHANNELS) 


THO TRIM R, INV. IN 


Veg PIN 13 
GND. PIN 4 


Figure 2 
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The circuit is intended for use in single 
power supply systems, so the internal sum- 
ming nodes must be biased at some voltage 
above ground. An internal band gap voltage 
reference provides a very stable, low noise 
1.8 volt reference denoted Vret. The non- 
inverting input of the op amp is tied to Vrer, 
and the summing nodes of the rectifier and 
AG cell (located, at the right, of Ri and Ro) 
have the same potential. The THD trim pinis 
also at the Vret potential. 


Figure 3 shows how the circuit is hooked up 
to realize an expandor. The input signal. Vin, 
is applied to the inputs of both the rectifier 
andthe AG cell. When the input signal drops 
by 6dB, the gain control current will drop by 
a factor of 2, and so the gain will drop 6dB. 
The output level at Vout will thus drop 12dB, 
giving us the desired 2 to 1 expansion. 


Figure 4 shows the hookup for a compres- 
sor. This is essentially an expandor placed 
In the feedback loop of the op amp. The AG 
Cell is set up to provide ac feedback only, so 
a separate dc feedback loop is provided by 
the two Rac and-Cac. The values of Rag will 
determine the dc bias at the output of the op 
amp. The output will bias to: 


Vout de=1+ RocitRac2 y 1 + Rae tot 1.8V 
Re 30K 


The output of the expandor will bias up to: 


R3 20K 
Vout de =1+ Ra vet at; + 30K ) 1.8V = 3.0V 


The output will bias to 3.0V when the inter- 
nal resistors are used. External resistors 
may be placed in series with R3, (which will 
affect the gain), or in parallel with Rg to raise 
the dc bias to any desired value. 


BASIC EXPANDOR 


GAIN = 2 R3 VIN (avg.) 


Ri Role 


Ip = 140yA 


“external components 


Figure 3 
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BASIC COMPRESSOR 


Ri Ro lg 1/2 
AIN =|——_—_—__—_—- 
ain G R3 Vin ea) 
Ig = 140yA 


“external 
components 


Figure 4 


CIRCUIT DETAILS-RECTIFIER 


Figure 5 shows the concept behind the full 
wave averaging rectifier. The input current 
to the summing node of the op amp, Vin/R1, 
is supplied by the output of the op amp. If we 
can mirror the op amp output current into a 
unipolar current, we will have an ideal recti- 
fier. The output current is averaged by Rs, 
Cr, which set the averaging time constant, 
and then mirrored with a gain of 2 to become 
Ig, the gain control current. 


RECTIFIER CONCEPT 


V+ 
«a |= Vin/®, 


Figure 5 


Figure 6 shows the rectifier circuit in more 
detail. The op amp is a one stage op amp, 
biased so that only one output device is on 
at a time. The non-inverting input, (the base 
of Q1), which is shown grounded, is actually 
tied to the internal 1.8V Vret. The inverting 
input is tied to the op amp output, (the 
emitters of Qs and Qé), and the input sum- 
ming resistor Ri. The single diode between 
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SIMPLIFIED RECTIFIER SCHEMATIC 


Figure 6 


the bases of Qs and Q¢ assures that only one 
device is on at a time. To detect the output 
current of the op amp, we simply use the 
collector currents of the output devices Qs 
and Q6. Qé will conduct when the input 
swings positive and Qs5 conducts when the 
input swings negative. The collector cur- 
rents will be in error by the a of Qs or Qgon 
negative or positive signal swings, respec- 
tively. IC's such as this have typical npn f’s 
of 200 and pnp f’s of 40. The a’s of .995 and 
.975 will produce errors of .5% on negative 
swings and 2.5% on positive swings. The 
1.5% average of these errors yields a mere 
.138dB gain error. 


At very low input signal levels the bias 
current of Qa, (typically 50nA), will become 
significant as it must be supplied by Qs. 
Another low level error can be caused by dc 


- coupling into the rectifier. If an offset vol- 


tage exists between the Vin input pin and the 
base of Qo, an error current of Vos/R1 will be 
generated. A mere 1mv of offset will cause 
an input current of 100na which will pro- 
duce twice the error of the input bias cur- 
rent. For highest accuracy, the rectifier 
should be coupled into capacitively. At high 
input levels the B of the pnp Q¢ will begin to 
suffer, and there will be an increasing error 
until the circuit saturates. Saturation can be 
avoided by limiting the current into the 
rectifier input to 250ua. If necessary, an 
external resistor may be placed in series 
with Ri to limit the current to this value. 
Figure 7 shows the rectifier accuracy vs 
input level at a frequency of 1kHz. 


At very high frequencies, the response of 
the rectifier will fall off. The rolloff will be 
more pronounced at lower input levels due 
to the increasing amount of gain required to 
switch between Q5 or Q6 conducting. The 


rectifier frequency response for input levels 
of 0dBm, -20dBm, and -40dBm is shown in 
Figure 8. The response at all three levels is 
flat to well above the audio range. 


RECTIFIER ACCURACY 


ERROR GAIN dB 


- 40 -20 0 
RECTIFIER INPUT dBm’ 


Figure 7 


RECTIFIER FREQUENCY RESPONSE 
vs INPUT LEVEL 


INPUT = OdBm 


GAIN ERROR (48) 


10K IMEG 


FREQUENCY (Hz) 


Figure 8 
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VARIABLE GAIN CELL 


Figure 9 is a diagram of the variable gain 
cell. This is a linerarized two quadrant trans- 
conductance multiplier!.2. Q;, Q2 and the 
Op amp provide a predistorted drive signal 
for the gain control pair, Q3, Q4. The gain is 
controlled by Ig and a current mirror pro- 
vides the output current. 


The op amp maintains the base and collec- 
tor of Q: at ground potential (Vrer) by con- 
trolling the base of Q2. The input current lin 
(= Vin/Re) is thus forced to flow through Q, 
along with the current I1, $0 Ici = 1 tlin. 
Since |2 has been set at twice the value of I, 
the current through Q2 is la-(ly+lin) = 1-lin = 
Ic2. The op amp has thus forced a linear 
current swing between Q: and Qa, by pro- 
viding the proper drive to the base of Qo. 
This drive signal will be linear for small 
signals, but very non-linear for large sig- 
nals, since it is compensating for the non- 
linearity of the differential pair Q;, Q2 under 
large signal conditions. 


The key to the circuit is that this same 
predistorted drive signal is applied to the 
gain control pair Q3 and Qs. When two 
differential pairs of transistors have the 
same signal applied, their collector current 
ratios will be identical, regardless of the 
magnitude of the currents. This gives us: 


Ic1 Ics hi+lin 


Ic2 Ic3 Iy-lin 


plus the relationships Ig = Ic3+lc4 and lout= 
ica-Ica will yield the multiplier transfer func- 
tion, 

lg Vin ite} 


lout = —— lin =— — 


I R2 | 


this equation is linear and temperature in- 
sensitive, but it assumes ideal transistors. 


if the transistors are not perfectly matched, 
a parabolic, non-linearity is generated, 
which results in 2nd harmonic distortion. 
Figure 10 gives an indication of the magini- 
tude of the distortion caused by a given 
input level and offset voltage. The distortion 
is linearly proportional to the magnitude of 
the offset and the input level. Saturation of 
the gain cell occurs at a +8dBm level. Ata 
nominal operating level of OdBm, a imv 
offset will yield .34% of second harmonic 
distortion. Most circuits are somewhat bet- 
ter than this, which means our overall off- 
sets are typically about 1/2mv. The distor- 
tion is not affected by the magnitude of the 
gain control current, and it does not in- 
crease as the gain is changed. This second 
harmonic distortion could be eliminated by 
imaking perfect transistors, but since that 
would be difficult, we have had to resort to 
other methods. A trim pin has been provided 
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SIMPLIFIED 4G CELL SCHEMATIC 
vt 


to allow trimming of the internal offsets to 
zero, which effectively eliminated second 
harmonic distortion. Figure 11 shows the 
simple trim network required. 


4G CELL DISTORTION 
vs OFFSET VOLTAGE 


& 
Vos = mv 


amv 


3mV 


OD] 
INPUT LEVEL (c8m) 


Figure 10 


THD TRIM NETWORK 


“IF TRIA NETWORK NOT USED, 
CONNECT CAPACITOR AS SHOWN. Voc 


Figure 11 


Figure 12 shows the noise performance of 
the AG cell. The maximum output level 
before clipping occurs in the gain cell is 
plotted along with the output noise in a 
20kHz bandwidth. Note that the noise drops 
as the gain is reduced for the first 20dB of 
gain reduction. At high gains, the signal to 
noise ratio is 90dB, and the total dynamic 
range from maximum signal to minimum 
noise is 110dB. 


Control signal feed-through is generated in 
the gain cell by imperfect device matching 
and mismatches in the current sources |; 
and l2. When no input signal is present, 
changing Ic will cause a small output signal. 
The distortion trim is effective in nulling out 
any control signal feed-through, but in gen- 
eral, the null for minimum feed-through will 
be different than the null in distortion. The 
control signal feed-through can be trimmed 
independently of distortion by tying a cur- 
rent source to the AG input pin. This effec- 
tively trims l1. Figure 13 shows such a trim 
network. 


DYNAMIC RANGE OF NE570 


+20 


MAXIMUM 
SIGNAL LEVEL 


NOISE IN 
20KH: BW 


Fs 0 
VCA GAIN (@B) 
Figure 12 
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simple hookups, and absolute accuracy and 
CONTROL SIGRAL aneaare soatlicient would be of Ae im- RESISTANCE vs TEMPERATURE 
FEEDTHRU TRIM portance. However, as one starts to modify eens 
Vex the gain equation with external resistors, DIFFUSED 


the internal resistor accuracy and tempco mEEIeton 


become very significant. Figure 15 shows 
A ~ SELECT FOR the effects of temperature on the diffused 
) resistors which are normally used in inte- 
3.6 grated circuits, and the ion implanted resis- 
470K tors which are used in this circuit. Over the 
100K QA TO PIN 3 OR 14 critical O°C to 70°C temperature range, 
there is a 10 to 1 improvement in drift froma 
5% change for the diffused resistors, toa.5% 
change for the implemented resistors. The Remernorone 
implanted resistors have another advantage 
in that they can be made 1/7 the size of the 
diffused resistors due to the higher resistivi- 
OPERATIONAL AMPLIFIER ty. This saves a significant amount of chip 
The main op amp shown in the chip block area. 
diagram is equivalent to a 741 with a 1MHz 
bandwidth. Figure 14 shows the basic cir- 
cuit. Split collectors are used in the input 
pair to reduce gm, so that a small compensa- 
tion capacitor of just 10pf may be used. The: OPERATIONAL AMPLIFIER 
Output stage, although capable of output 
currents in excess of 20ma., is biased for a 
low quiescent current to conserve power. 
When driving heavy loads, this leads to a 
small amount of crossover distortion. 


RESISTORS 

Inspection of the gain equations in Figure 3 
and 4 will show that the basic compressor 
and expandor circuit gains may be set en- 
tirely by resistor ratios and the internal 
voltage reference. Thus, any form of resis- 
tors that match well would suffice for these 


RESISTOR 


NANNAARAAAA YS SOT AAREE LARNER 
RRR RRR 4 ERROR BAND). 


NORMALIZED RESISTANCE 


Figure 13 Figure 15 


Figure 14 


*For additional information, consult the Applications Section. 
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PROGRAMMABLE ANALOG COMPANDOR 


DESCRIPTION 

The NES72 is a dual channel, high perfor- 
mance gain control circuit in which either 
channel may be used for dynamic range 
compression or expansion Each channe! 
has a full wave rectifier to detect the aver- 
age value of input signal; a linearized, tem- 
perature compensated variable gain cell 
(AG) and a dynamic time constant buffer. 
The buffer permits independent control of 
dynamic attack and recovery time with mini- 
mum external components and improved low 
frequency gain control ripple distortion over 
previous compandors. 


The NE572 is intended for noise reduction in 
high performance audio systems. it can also 
be used in a wide range of communication 
systems and video recording applications. 


ABSOLUTE MAXIMUM RATINGS 


a PARAMETER 

Voc Supply voltage 
Ta Operating temperature range 
Pp Power dissipation 


BLOCK DIAGRAM 


FEATURES 

© independent control of attack and 
recovery time. 

© improved iow frequency gain control 
tipple 

* Complementary gain compression and 
expansion with external Op Amp 

® Wide dynamic range — greater than 
110dB 

® Temperature compensated gain 

control! 

Low distortion gain cell 

Low noise—6xuV typical 

Wide supply voltage range—6V-22V 

System level adjustable with external 

components. 


APPLICATIONS 

Dynamic noise reduction system 
Voltage control amplifier 

Stereo expandor 

Automatic level control 

High level limiter 

Low level noiss gate 

State variable filter 


6 ®@® @¢@ 8 @ ®&® @ 


RATING i UNIT - 


GAIN CELL 


(3,13) 


| 


(16) 


Note: 
1. Supplied only in large SO (Small Outline) package. 


‘a Ra ACRE AIREY YOO IOCAIR: HEPAT FESPA ONCE seca 


22 VDC 
0 to 70 °C | 
50 W | 
| ae oe rae ial 

(5.11) 

(4,15) 

He 
(2,14) 

ee ee eee nT eae ea ETON en esas 


PIN CONFIGURATION 


D, N PACKAGE | 


TRACK TRIM A 


15} TRACK TRIM B 


RECOV. CAP. A } 


RECT. INA [14] RECOV CaP. B 
ATTACK CAP A 113] RECT INB 
3G OUT A 12] ATTACK CAP B 
THD TRIM A [6 | fit} 2G OuTB 


fic} THD TRIMS 


[9] sGINB | 


(Top view) 


ORDER PART NO. 


t 
| 
NE572N SA572N | 
SA572F NES572D SAS720 | 
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ELECTRICAL CHARACTERISTICS | Standard Test Conditions (unless otherwise noted) Voc = 15V TA = 25°C Expandor mode (see test 
circuit) Input signals at unity gain level (OdB) = 100mV RMS at 1KHz, V, = Vo, Ro = 3.3K, Rg = 17.3K 


PARAMETER TEST CONDITIONS 


(reenciesisene PS SSCSCS~s ||| Wo 
THD 


(untrimmed) 1kHz Ca = 1.0uF % 
THO (trimmed) 1kHz CR = 10uF % 
THD (trimmed) 100Hz % 

No signal output noise Input to V; and Vo grounded (20-20kHz) Ff | as | ow 


DC level shift (untrimmed) Input change from no signal to 100mV RMS | | #20 | +60 | MV | 
Unity gain level pt | 


Large signal distortion V1 = Vo = 400mV 
Tracking error (measured relative Rectifier input 

to value at unity gain output) = Vo= +6dB, V, =O0B 
[Vo - Vo(unity gain)) dB - V2 (dBm)| V2 = - 30dB, V, = OdB 


Channel crosstalk 200mvV RMS into channel A, measured output on 
channel B 


Power supply rejection ratio 


TEST CIRCUIT 


2.2uF 3.3K(3,13) 
v2 O—{ RECTIFIER 
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AUDIO SIGNAL PROCESSING IC 
COMBINES VCA AND FAST AT- 
TACK-SLOW RECOVERY LEVEL 
SENSOR 


In high performance audio gain control appli- 
cations it is desirable to independently con- 
trol the attack and recovery time of the gain 
control signal. This is true, for example, in 
compandor applications for noise reduction. 
In high end systems the input signal is usual- 
ly split into two or more frequency bands to 
optimize the dynamic behavior for each 
band. This reduces low frequency distortion 
due to control signal ripple, phase distor- 
tion, high frequency channel overload and 
noise modulation. Because of the expense 
in hardware, multiple band signal process- 
ing up to now was limited to professional 
audio applications. 


With the introduction of the Signetics NE572 
this high performance noise reduction con- 
cept becomes feasible for consumer hi fi 
applications. The NE5S72 is a dual channel 
gain control IC. Each channel has a linear- 
ized, temperature compensated gain cell 
and an improved level sensor. In conjunction 
with an external low noise op amp for current 
to voltage conversion, the VCA features low 
distortion, low noise and wide dynamic 
range. The novel level sensor which pro- 
vides gain control current for the VCA gives 
lower gain control ripple and independent 
control of fast attack, slow recovery dynam- 
ic response. An attack capacitor CA with an 
internal 10K resistor RA defines the attack 
time TA. The recovery time TR of a tone 
burst is defined by a recovery capacitor CR 
and an internal 10K resistor Rr. Typical at- 
tack time of 4MS for the high frequency 
spectrum and 40MS for the low frequency 
band can be obtained with .1uF and 1.0uF 
attack capacitors respectively. Recovery 
time of 200MS can be obtained with a 4.7uF 
external capacitor. With the recovery ca- 
pacitor added in the level sensor, the gain 
control ripple for low frequency signals is 
much lower than that of a simple RC ripple 
filter. As a result the residual third harmonic 
distortion of low frequency signal in a two 
quad transconductance amplifier is greatly 
improved. With the 1.0uF attack capacitor 
and 4.7uF recovery capacitor far a 100HZ 
signal the third harmonic distortion is im- 
proved by more than 10db over the simple 
RC ripple filter with a single 1.0uF attack 
and recovery capacitor, while the attack 
time remains the same. 


The NE572 is assembled in a standard 16 pin 
dual in line plastic package and in oversized 
SO (Small Outline) package. It operates over 
wide supply range from 6V to 22V. Supply cur- 
rent is less than 6MA. The NE572 is designed 
for consumer application over a temperature 


range 0-70°C. The SA572 is intended for appli- 
cations from — 40°C to + 85°C. 


NE572 BASIC APPLICATIONS 


Description 

The NE572 consists of two linearized, tem- 
perature compensated gain cells (AG) each 
with a full-wave rectifier and a buffer amplifi- 
er as shown in the block diagram. The two 
channels share a 2.5V common bias refer- 
ence derived from the power supply but oth- 
erwise operate independently. Because of 
inherent low distortion, low noise and the 
capability to linearize large signals, a wide 
dynamic range can be obtained. The buffer 
amplifiers are provided to permit control of 
attack time and recovery time independent 
of each other. Partitioned as shown in the 
block diagram, the IC allows flexibility in the 
design of system levels that optimize DC 
shift, ripple distortion, tracking accuracy 
and noise floor for a wide range of applica- 
tion requirements. 


Gain Cell 

Figure 1 shows the circuit configuration of 
the gain cell. Bases of the differential pairs 
Q; — Qo and Q3 — Qg are both tied to the 
output and inputs of OPA Ay. The negative 
feedback through Q, holds the Veg of Q; — 
Qo -and the Vpe of Qg — Qq4 equal. The 
following relationship can be derived from 


SA/NE572 


the transistor model equation in the forward 
active region. 


AVBEa, ~a,~ ABEq, - Qo 


(VBE = VT In 1C/1S) 


Vv 
where lin = R. 


R, = 68K 
ty = 140uA 
lo = 280uA 


IO is the differential output current of the 
gain cell and jg is the gain control current of 
the gain cell. 


If all transistors Q; through Qy are of the 
same size, equation (2) can be simplified to: 
2 1 

lo. ig — ip la 2h) ete (3) 
The first term of eqn. (3) shows the multiplier 
relationship of a linearized two quadrant 
transconductance amplifier. The second 
term is the gain control feed through due to 
the mismatch of devices. In the design this 


BASIC GAIN CELL SCHEMATIC 


Vin 


Figure 1 
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has been minimized by large matched de- 
vices and careful layout. Offset voltage is SIMPLIFIED RECTIFIER SCHEMATIC 
caused by the device mismatch and it leads 
to even harmonic distortion. The offset volt- 
age can be trimmed out by feeding a current 
source within + 25uA into the THD trim pin. 
The residual distortion is third harmonic dis- 
tortion and is caused by gain control ripple. 
In a compandor system, available control of 
fast attack and slow recovery improves rip- 
ple distortion significantly. At the unity gain | 
level of 100mV, the gain cell gives THD (to- 
tal harmonic distortion) of .17% TYP. Output 
noise with no input signals is only 6uV in the 
audio spectrum (10HZ-20KHZ). The output 
current lo must feed the virtual ground input 
of an operational amplifier with a resistor 
from output to inverting input. The non-invert- 
ing input of the operational amplifier has to 
be biased at VREF if the output current Io is 
de coupled. 


Rectifier 

The rectifier is a full-wave design as shown 
in Figure 2. The input voltage is converted to ee ee eee ae 
current through the input resistor R2 and 
turns on either Q5 or Q6 depending on the 
signal polarity. Deadband of the voltage to 
current converter is reduced by the loop 
gain of the gain block A2. If AC coupling is 
used, the rectifier error comes only from in- 
put bias current of gain block A2. The input 
bias current is typically about 70OnA. Fre- 
quency response of the gain block A2 also 
causes second order error at high frequen- 
cy. The collector current of Q6 is mirrored 
and summed at the collector of Q5 to form 
the full wave rectified output current Ip. The 
rectifier transfer function is 


Vin ~ Vee 

Re (4) 
if Vin is A.C. coupled, then the equation will 
be reduced to: 
Vin (AVG) 
— Re 
The internal bias scheme limits the maxi- 
mum output current IR to be around 300yA. 
Within a + 1dB error band the input range of 
the rectifier is about 52dB. 


lRac= 


Buffer Amplifier 

In audio systems, it is desirable to have fast 
attack time and slow recovery time for a 
tone burst input. The fast attack time re- 
duces transient channel overload but also 
causes low frequency ripple distortion. The 
low frequency ripple distortion can be im- 
proved with the slow recovery time. If differ- 
ent attack times are implemented in corre- 
sponding frequency spectrums in a split sikon we 
band audio system, high quality perfor- TRIM 
mance can be achieved. The buffer amplifier 
is designed to make this feature available 
with minimum external components. Refer- 


Figure 3 
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ring to Figure 3, the rectifier output current is 
mirrored into the input and output of the 
unipolar buffer amplifier Ag through Qg, Qg 
and Qj09. Diodes D;1 and Dy2 improve 
tracking accuracy and provide common 
mode bias for Ag. For a positive going input 
signal, the buffer amplifier acts like a volt- 
age follower. Therefore, the output imped- 
ance of Ag makes the contribution of ca- 
pacitor CR to attack time insignificant. 
Neglecting diode impedance the gain Ga(t) 
for AG can be expressed as follows. 

-t 

Ga(t) = (Gat — Gag) e 7A + Geen 
Gant = Initial Gain 


TA@Ra* CA @ 10K * CA G&en, @ Final Gain 


where rA is the attack time constant and RA 
ia a 10K internal resistor. Diode Dy5 opens 
the feedback loop of Ag for a negative going 
signal if the vaiue of capacitor CR is larger 


than capacitor CA. The recovery time de- — 


pends only on CR « Rp. If the diode imped- 
ance is assumed negligible, the dynamic 
gain Gp (t) for AG is expressed as follows. 
-t 
Gr(t) = (GR nt — GR NL) eR + GR NL 


TR =Rp° CR = 10K * CR 


where rR is the recovery time constant and 
Rr is a 10K internal resistor. The gain con- 
tro! current ia mirrored to the gain cell 
through Q14. The low level gain errors due 
to input bias current of Ag and Ag can be 
trimmed through the tracking trim PIN into 
Ag with @ current source of + 3yA. 


Basic Expandor 
Figure 4 shows an application of the circuit 
as a simple expandor. The gain expression 
of the system is given by 
Vout 2 | RaeVin(AVG) 


Vin I, RoeR, (1, = 140yA) 


Both the resistors R; and Ro are tied to 
internal summing nodes. Ry is a 6.8K inter- 
nal resistor. The maximum input current into 
the gain cell can be as large as 140,A. This 
corresponds to a voltage level of 140uA « 
6.8K = 952mV peak. The input peak current 


(5) 


into the rectifier is limited to 300uA by the 


internal bias system. Note that the value of 
R, can be increased to accommodate high- 
er input level. Ro and Ra are external resis- 


tors. It is easy to adjust the ratio of R3/R2 


for desirable system voltage and current 
levels. A small R2 results in higher gain con- 
trol current and smaller static and dynamic 
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il 


CA CR 
TF 10uF 


Figure 4 
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tracking error. However, an impedance buff- 
er A; may be necessary if the input is voit- 
age drive with large source impedance. 


The gain cell output current feeds the sum- 
ming node of the external OPA Ag. Ra and 
A2 convert the gain cell output current to the 
output voitage. In high performance applica: 
tions, Ag has to be low noise, high speed 
and wide band so that the high performance 
output of the gain cell will not be degraded. 
The non-inverting input of Ag can be biased 
at the low noise internal reference PIN 6 or 
10. Resistor R4 is used to biased up the 
output DC level of Ao for maximum swing. 
The output DC level of Ag is given by 


R3 R3 
Vooc = VREF ( : i) -YeaR, = (6) 


VB can be tied to a regulated power supply 
for a dual supply system and be grounded 
for a single supply system. CA sets the at- 
tack time constant and CR sets the recovery 
time constant. 


C1 


i a 
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Basic Compressor 
Figure 5 shows the hook-up of the circuit as 
a compressor. The IC is put in the feedback 
loop of the OPA Aj. The system gain ex- 
pression is as follows: 


Vout 14 Ro ° Ry Yo : 
Vin “\2° Rg° Vm (AVG) ”) 
RDC1, RDC2, and CDC form a dc feedback 
for Ay. The output DC level of A; is given by 


BASIC COMPRESSOR SCHEMATIC 


Roc1 + Roca 
Vooc = VreF \'+ Rg 
Roc1 + Roce 
- Vg ° (Seer Boece ; (8) 


1K RS 
The zener diodes D,; and Do are used for (6,10) VREF 


channel overload protection. 


Basic Compandor System 

The above basic compressor and expandor 
can be applied to systems such as 
tape/disc noise reduction, digital audio, 
bucket brigade delay lines. Additional sys- 
tem design techniques such as bandlimiting, 
band splitting, pre-emphasis, de-emphasis 
and equalization are easy to incorporate. 
The IC is a versatile functional block to 
achieve a high performance audio system. 
Figure 6 shows the system level diagram for 
reference. 


For additional information, refer to the Appli- 
cations Section. 


[ ] " NE572 SYSTEM LEVEL 


REL LEVEL ABS LEVEL 


Vv RMS 
COMPRESSION OB dBM 
I 


INPUT TO 4G 
AND RECT 


; 


Figure 6 


“For additional information, consult the Applications Section. 
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Double Balanced Mixer And Oscillator 


Linear Products 


DESCRIPTION 

The SA/NE602 is a low-power VHF 
monolithic double balanced mixer with 
input amplifier, on-board oscillator, and 
voltage regulator. It is intended for high 
performance, low power communication 
systems. The guaranteed parameters of 
the SA602 make this device particularly 
well suited for cellular radio applications. 
The mixer is a ''Gilbert cell'' multiplier 
configuration which typically provides 
18dB of gain at 45MHz. The oscillator 
will operate to 200MHz. It can be config- 
ured as a crystal oscillator, a tuned tank 
oscillator, or a buffer for an external L.O. 
The noise figure at 45MHz is typically 
less than 5dB. The gain, intercept per- 
formance, low-power and noise charac- 
teristics make the SA/NE602 a superior 
choice for high-performance battery op- 
erated equipment. It is available in an 8- 
lead dual-in-line plastic package and an 
8-lead SO (surface-mount miniature 
package). 


BLOCK DIAGRAM 


PIN CONFIGURATION 


D, FE, N PACKAGES 


FEATURES 

e Low current consumption: 2.4mA 
typical 

e Excellent noise figure: < 5.0dB 
typical at 45MHz 

e High operating frequency 

e Excellent gain, intercept and 
sensitivity 

e Low external parts count; 
suitable for crystal/ceramic filters 


e SA602 meets cellular radio 
specifications 


| 8 | Vec 


OSCILLATOR 


INPUT A} 1 | 
INPUT B| 2 | 
GROUND | 3 | 


16 | OSCILLATOR 


| 5 | OUTPUT B 


OUTPUT A| 4 | 


TOP VIEW 


C004690S 


APPLICATIONS 
e Cellular radio mixer/oscillator 


e Portable radio 

e VHF transceivers 

e RF data links 

e HF/VHF frequency conversion 


e instrumentation frequency 
conversion 


e Broadband LAN's 


BD01801S 
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ORDERING CODE 


| DESCRIPTION 
Dual-in-Line, Small Outline; 0 to +70°C 
Cerdip; 0 to 70°C 
Cerdip; -40 to +85°C 


ABSOLUTE MAXIMUM RATINGS 


Operating temperature 
NE602 0 to +70 
SA602 . -40 to +85 


PARAMETER TEST CONDITION 
Power supply voltage range 


Oscillator frequency 
Noise figured at 45MHz 


; . : RFin = -45dBm: f; = 45.0 
Third order intercept point fo = 45.06 


[Conversion gan at He —SdYSSCSCSC~“~*~SC*S 
TAF input resistance ———SSSCSC*=‘idRSC“‘“‘™SNNNN#C#dSTS 
[AF input capacitance ———=SSSS*dSSSSSSCSCS~S 


TEST CONFIGURATION DESCRIPTION OF OPERATION 
The SA/NE602 is a Gilbert cell, an oscillator/ 
buffer, and a temperature compensated bias 

=m network as shown in the equivalent circuit. 

44.545MHz THIRD OVERTONE CRYSTAL The Gilbert cell is a differential amplifier (Pins 

1 and 2) which drives a balanced switching 

cell. The differential input stage provides gain 

and determines the noise figure and signal 
handling performance of the system. 


The SA/NE602 is designed for optimum low 
power performance. When used with the 
330pF SA604 as a 45MHz cellular radio 2nd IF and 
demodulator, the SA602 is capable of receiv- 
ing -119dBm signals with a 12dB S/N ratio. 
120pF = Third order intercept is typically -15dBm 
(that's approximately + 5dBm output intercept 
because of the RF gain). The system design- 
er must be cognizant of this large signal 
limitation. When designing LAN's or other 
closed systems where transmission levels 
are high, and small signal or signal-to-noise 
100nF issues not critical, the input to the NE602 
should be appropriately scaled. 


47pF 


INPUT |o.209 to 0.283.H 


220pF 


TC027009 


Figure 1 
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Double balanced mixer and oscilator 


Besides excellent low power performance 
well into VHF, the SA/NE602 is designed to 
be flexible. The input, output, and oscillator 
ports can support a variety of configurations 
provided the designer understands certain 
constraints, which will be explained here. 


The RF inputs (Pins 1 and 2) are biased 
internally. They are symmetrical. The equiva- 
lent AC input impedence is approximately 
1.5K || 3pF through 50MHz. Pins 1 and 2 can 
be used interchangeably, but they should not 
be DC biased externally. Figure 3 shows 
three typical input configurations. 


The mixer outputs (Pins 4 and 5) are also 
internally biased. Each output is connected to 
the internal positive supply by a 1.5kQQ resis- 
tor. This permits direct output termination yet 
allows for balanced output as well. Figure 4 
shows three single ended output configura- 
tions and a balanced output. 


The oscillator is capable of sustaining oscilla- 
tion beyond 200MHz in crystal or tuned tank 
configurations. The upper limit of operation is 
determined by tank ''Q" and required drive 
levels. The higher the ''Q" of the tank or the 
smaller the required drive, the higher the 


TC02030S 


Figure 2. Equivalent Circuit 


ies 
IL 


TC02040S 


a. Single-Ended Tuned input 


ft 


TCO2050S 


b. Balanced Input (For Attenuation 
Of Second Order Products) 


Figure 3. Input Configuration 


SA/NE602 


permissible oscillation frequency. If the re- 
quired L.O. is beyond oscillation limits, or the 
system calls for an external L.O., the external 
signal can be injected at Pin 6 through a DC 
blocking capacitor. External L.O. should be at 
least 200mVpp. 


Figure 5 shows several proven oscillator 
circuits. Figure 5A is appropriate for cellular 
radio. As shown, an overtone mode of opera- 
tion is utilized. Capacitor C3 and inductor L1 
suppress oscillation at the crystal fundamen- 
tal frequency. In the fundamental mode, the 
suppression network is omitted. 


Figure 6 shows a Colpitts varacter tuned tank 
oscillator suitable for synthesizer controlled 
applications. It is important to buffer the 
output of this circuit to assure that switching 
spikes from the first counter or prescaler do 
not end up in the oscillator spectrum. The 
dual-gate MOSFET provides optimum isola- 
tion with low current. The FET offers good 
isolation, simplicity, and low current, while the 
bipolar transistors provide the simple solution 
for non-critical applications. The resistive di- 
vider in the emitter follower circuit should be 
chosen to provide the minimum input signal 
which will assure correct system operation. 


When operated above 100MHz, the oscillator 
may not start if the Q of the tank is too low. A 
22kQ resistor from Pin 7 to ground will 
increase the DC bias current of the oscillator 
transistor. This improves the AC operating 
characteristic of the transistor and should 
help the oscillator to start. 22kQ will not upset 
the other DC biasing internal to the device, 
but smaller resistance values should be 
avoided. 


| ce | £ 


TCO2060S 


c. Single-Ended Untuned Input 
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FILTER K&L38780 OR EQUIVALENT 
*Cr MATCHES 3.5K. TO NEXT STAGE. 


TC02010S TC02070S 


a. Single-Ended Ceramic Filter b. Single-Ended Crystal Filter 


TC02080S TCO2090S 
c. Singie-Ended IFT d. Balanced Output 
Figure 4. Output Configuration 


TC02100S TC02110S TC02120S 


a. Colpitts Crystal Oscillator b. Colpitts L/C Tank Oscillator c. Hartley L/C Tank Oscillator 
(Overtone Mode) 


Figure 5. Oscillator Circuits | 
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Double balanced mixer and oscilator SA /N E6O 2 


TO 
BUFFER 


DC CONTROL VOLTAGE 
1000pF FROM SYNTHESIZER 


MV2105 


oe OR EQUIVALENT 


TC02130S 


100K = 


3SK126 


Tl aoe 


2N918 


2pF TO SYNTHESIZER 
100K 0.01pF TO SYNTHESIZER 


TC02140S TC02150S TC02160S 


Figure 6. Colpitts Oscillator Suitable For Synthesizer Applications And Typical Buffers 


44.545 MHz 
THIRO OVERTONE CRYSTAL 


SFG455A3 
1 | 2 | Ee 4 OR EQUIVALENT 
INPUT lo.208 to 0.283uH 
220pF = 
100nF 


TC02020S 


Figure 7. Typical Application For Cellular Radio 
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Figure 8. SA/NE602 3°° Order 
Intermod And 1dB Compression 
Point Performance 
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INTERCEPT (dBm) 


Vcc (VOLTS) 
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Figure 9. Input Third Order 


Intercept Point Vs Voc 


SUPPLY CURRENT (mA) 


TEMPERATURE (°C) 
OP01340S 


Figure 12 
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Figure 10. Third Order intercept 


Point vs Temperature 
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Figure 13 


Low Power FM I.F. System 


DESCRIPTION 

The SA/NE604 is a monolithic low power FM 
IF system incorporating two limiting inter- 
mediate frequency amplifiers, quadrature 
detector, muting, logarithmic signal strength 
indicator, and voltage regulator. The 
SA/NE604 is available in a 16 lead dual-in-line 
plastic package and 16 lead SO (surface 
mounted miniature package). 


APPLICATIONS 

e Cellular Radio FM IF 

¢ Communications receivers 

e Intermediate frequency amplification and 
detection up to 10.7MHz 

¢ RF level meter 

e Spectrum analyzer 


FEATURES 

e Low power consumption: 2.3mA typical 
Logarithmic Received Signal Strength 
Indicator (RSSI) with a dynamic range in 
excess of 90dB 

Separate data output 

Audio output with muting 

Low external count, suitable for 
crystal/ceramic filters 

Excellent sensitivity: 1.5.V across input 
pins (0.27 pV into 502 matching network) 
for 12dB SINAD (Signal to Noise and 
Distortion ratio) at 455kHz 


ABSOLUTE MAXIMUM RATINGS 


SYMBOL AND PARAMETER RATING UNIT 


Operating temperature 


NE604 
SA604 


0 to +70 
-40 to +85 


BLOCK DIAGRAM 


SA/NE604 


PIN CONFIGURATION 


N, D PACKAGE 


116 | IF AMP INPUT 


iF AMP 
DECOUPLING 


iF AMP 
DECOUPLING ia 


IF AMP 
MUTE INPUT | 3 | OUTPUT 


LIMITER 
INPUT 


aooeera te et a 


DATA OUTPUT E COURAING 


RSS! OUTPUT 5 | 


QUADRATURE iMITER 
INPUT 8 | OUTPUT 


TOP VIEW 
ORDER NUMBERS 


NE604N, NE6040 
SA604N. SA604D 
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SA/NE604 


ELECTRICAL CHARACTERISTICS 1, = 25°C, Voc = +6 volts, unless 
otherwise stated. 


SYMBOL AND PARAMETER 


Mute - switch input threshold (on) 
(off) 


TYPICAL APPLICATION 
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CIRCUIT DESCRIPTION 

The SA/NE604’s IF amplifier has a gain of 
30dB, bandwidth of 15MHz, with an input 
impedance of 1.5KQ and an output impedance 
of 1.0KQ. The limiter has a gain of 60dB, 
bandwidth of 15MHz, and an input impedance 
of 1.5KQ. An interstage filter between the IF 
Amplifier and Limiter is recommended to 
reduce wideband noise. The quadrature 
detector input (pin 8) impedance is 40KQ. 


The data (unmuted output) and audio (muted 
Output) both have 50KQ output impedance and 
their detected signals are 180 degrees out of 
phase with each other. The mute input (pin 3) 
has a very high impedance and is compatible 
with three and five volt CMOS and TTL levels. 
Little or no DC level shift occurs after muting 
when the quadrature detector is adjusted to the 
IF center frequency. Muting will attenuate the 
audio signal by more than 60dB and no voltage 
spikes will be generated by muting. 


The logarithmic signal strength indicator is a 
Current source Output with maximum source 
current of 50 microamps. The signal strength 
indicator’s transfer function is approximately 
10 microamp per 20dB and is independent of 
IF frequency. The interstage filter must have 
a 6dB insertion loss to optimize slope linearity. 


Pins 1, 16, 15, 14, 12, 11, 10, 9, and 8 do not 
need external bias and should not have a 
DC path. 


Product Specification 


NE612 


Double Balanced Mixer And Oscillator 


Linear Products 


DESCRIPTION 

The NE612 Is a low-power VHF mono- 
lithic double balanced mixer with on- 
board oscillator and voltage regulator. It 
is intended for low cost, low power 
communication systems with signal fre- 
quencies to 500MHz and local oscillator 
frequencies as high as 200MHz. The 
mixer is a ''Gilbert cell’’ multiplier config- 
uration which provides gain of 14dB or 
more at 49MHz. 


The oscillator can be configured for a 
crystal, a tuned tank operation, or as a 
buffer for an external L.O. Noise figure at 
49MH is typically below 6dB and makes 
the device well suited for high perfor- 
mance cordless telephone. The low 
power consumption makes the NE612 
excellent for battery operated equip- 
ment. Networking and other communica- 
tions products can benefit from very low 
radiated energy levels within systems. 
The NE612 is available in an 8- lead 
dual-in-line plastic package and an 8- 
lead SO (surface mounted miniature 
package). 


BLOCK DIAGRAM 


FEATURES PIN CONFIGURATION 
e Low current consumption 

D, N PACKAGES 
e Low cost 


e Operation to 500MHz 

e Low radiated energy 

e Low external parts count; 
suitable for crystal/ceramic filter 

e Excellent sensitivity, gain, and 
noise figure 


| 8 | Vec 


OSCILLATOR 


INPUT AJ 1 | 
INPUT B| 2 | 


GROUND | 3 | 16 | OSCILLATOR 


| 5 | OUTPUT B 


OUTPUT A| 4 | 


TOP VIEW 


APPLICATIONS 
e Cordless telephone 


e Portable radio 

e VHF transceivers 

e RF data links 

e Sonabuoys 

e Communications receivers 
e Broadband LAN's 


e HF and VHF frequency 
conversion 


CD04690S 


BD01801S 
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ORDERING CODE 


DESCRIPTION ORDER CODE 
Dual-in-line, plastic; 0 to +70°C | NES12N 


Dual-in-line, small outline; 0 to + 70°C 


ABSOLUTE MAXIMUM RATINGS 


Maximum operating voltage 9 
Storage temperature | -65 to +150 
Operating temperature 


AC/DC ELECTRICAL CHARACTERISTICS T, = 25°C, Voc = 6V, Figure 1 


PARAMETER TEST CONDITION 


Oscillator frequency 


Noise figured at 49MHz 


Third order intercept point at 49MHz RFiy = —45dBm 


(Pin 4 or 5) 


DESCRIPTION OF OPERATION 
The NE612 is a Gilbert cell, an oscillator/ 
buffer, and a temperature compensated bias 
network as shown in the equivalent circuit. 
The Gilbert cell is a differential amplifier (Pins 
1 and 2) which drives a balanced switching 
cell. The differential input stage provides gain 
and determines the noise figure and signal 
handling performance of the system. 


The NE612 is designed for optimum low 
power performance. When used with the 
NE614 as a 49MHz cordless telephone sys- 
tem, the NE612 is capable of receiving 
-119dBm signals with a 12dB S/N ratio. 
Third order intercept is typically -15dBm 
(that's approximately + 5dBm output intercept 
because of the RF gain). The system design- 
er must be cognizant of this large signal 
limitation. When designing LAN's or other 
closed systems where transmission levels 
~ are high, and small signal or signal-to-noise 
issues not critical, the input to the NE612 
10027108 should be appropriately scaled. 


Figure 1 
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Double balanced mixer and oscilator 


Besides excellent low power performance 
well into VHF, the SA612 is designed to be 
flexible. The input, output, and oscillator ports 
can support a variety of configurations provid- 
ed the designer understands certain con- 
straints, which will be explained here. 


The RF inputs (Pins 1 and 2) are biased 
internally. They are symmetrical. The equiva- 
lent AC input impedance is approximately 
1.5K || 3pF through 50MHz. Pins 1 and 2 can 
be used interchangeably, but they should not 
be DC biased externally. Figure 3 shows 
three typical input configurations. 


TC02190S 


a. Single-Ended Tuned Input 


The mixer outputs (Pins 4 and 5) are also 
internally biased. Each output is connected to 
the internal positive supply by a 1.5kQ2 resis- 
tor. This permits direct output termination yet 
allows for balanced output as well. Figure 4 
shows three single-ended output configura- 
tions and a balanced output. 


The oscillator is capable of sustaining oscilla- 
tion beyond 200MHz in crystal or tuned tank 
configurations. The upper limit of operation is 
determined by tank ''Q" and required drive 
levels. The higher the Q of the tank or the 
smaller the required drive, the higher the 


TC02180s 


TC02200S 


b. Balanced Input (For Attenuation 
Of Second Order Products) 


Figure 3. Input Configuration 


NE612 


permissible oscillation frequency. If the re- 
quired L.O. is beyond oscillation limits, or the 
system calls for an external L.O., the external 
signal can be injected at Pin 6 through a DC 
blocking capacitor. External L.O. should be 
200mVpp minimum to 300mVpp maximum. 


Figure 5 shows several proven oscillator 
circuits. Figure 5A is appropriate for cordless 
telephone. In this circuit a third overtone 
parallel mode crystal with approximately 5pF 
load capacitance should be specified. Capac- 
itor C3 and inductor L1 act as a fundamental 
trap. In fundamental mode oscillation the trap 
is omitted. 


Figure 6 shows a Colpitts varacter tuned tank 
oscillator suitable for synthesizer controlled 
applications. It is important to buffer the 
output of this circuit to assure that switching 
spikes from the first counter or prescaler do 
not end up in the oscillator spectrum. The 
dual-gate MOSFET provides optimum isola- 
tion with low current. The FET offers good 
isolation, simplicity, and low current, while the 
bipolar circuits provide the simple solution for 
non-critical applications. The resistive divider 
in the emitter follower circuit should be 
chosen to provide the minimum input signal 
which will assume correct system operation. 


TC02210S 


c. Single-Ended Untuned Input 


September 1985 


91 


FILTER K&L38780 OR EQUIVALENT 
“Cr MATCHES 3.5KN TO NEXT STAGE. 


TC02220S TC02230S 


a. Single-Ended Ceramic Filter 


TC02240S TC02250S 
c. Single-Ended IFT d. Balanced Output 
Figure 4. Output Configuration 


TC02260S 70022708 TC02280S 


a. Colpitts Crystal Oscillator b. Colpitts L/C Tank Oscillator c. Hartley L/C Tank Oscillator 
(Overtone Mode) 


Figure 5. Oscillator Circuits 
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Double balanced mixer and oscilator . | N E 612 


§.5uH 


TO 
BUFFER 


DC CONTROL VOLTAGE 
FROM SYNTHESIZER 


0.06. t MV2105 
OR EQUIVALENT 


TCO02290S 


0.01pF 


TCO02300S TC02310S TC02320S 


Figure 6. Colpitts Oscillator Suitable For Synthesizer Applications And Typical Buffers 


TEST CONFIGURATION 


0.5 to 1.34H 


1C02170S 


| Figure 7. Typical Application For 46/49MHz Cordless Telephone 
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Figure 8. SA/NE612 Third Order 
Intermod And 1dB Compression 
Point Performance 


Figure 9. Input Third Order 
Intercept Point vs Vcc 


Figure 10. Third Order Intercept 
Point vs Temperature 


GAIN (dB) 


< atin 
— F) 
5 aS 
wi rd 
fe ) 
5 9 
oO ive 
a a 
& ro} 
> r 4 
a 


TEMPERATURE (°C) 
OP01400S 
Figure 13 


Figure 11 Figure 12 


September 1985 


Product Specification 


Low Power FM IF System 


Linear Products 


DESCRIPTION 

The NE614 is a monolithic low-power 
FM IF system incorporating two limiting 
intermediate frequency amplifiers, quad- 
rature detector, muting, logarithmic sig- 
nal strength indicator, and voltage regu- 
lator. The NE614 is available in a 16- 
lead dual-in-line plastic package and 16- 
lead SO (surface-mounted miniature 
package). 


BLOCK DIAGRAM 


FEATURES 
e Low-power consumption N 


e Logarithmic signal strength 
indicator 


e Separate data output 
e Audio output with muting 


e Low external count; suitable for 
crystal/ceramic filters 


e Excellent sensitivity 
APPLICATIONS 
e Cellular Radio FM IF 


e Communications receivers 


e Intermediate frequency 
amplification and detection up to 
15MHz 


e RF level meter 
e Spectrum analyzer 
e Instrumentation 
e Cordless telephone 
e Remote control 


f13 | 2 | i = 
SIGNAL 
STRENGTH 
QUAD 
oe a 
aL Ete Ee 


BD01940S 


iF AMP 
OECOUPLING 


RSS| OUTPUT 5 | 
AUDIO OUTPUT | 6 | 


DATA OUTPUT 


QUADRATURE 
INPUT 


VOLTAGE 
REGULATOR 


NE614 


PIN CONFIGURATION 


, D PACKAGE 


16 | 1F AMP INPUT 


IF AMP 
DECOUPLING 


1F AMP 
OUTPUT 


LIMITER 
INPUT 


LIMITER 
DECOUPLING 


}10} LIMITER 
DECOUPLING 


TOP VIEW 
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ORDER CODE 
NE614N 


Plastic; SO (surface-mounted miniature package); NE614D 
0 to +70°C 


ABSOLUTE MAXIMUM RATINGS 


SYMBOL AND PARAMETER RATING UNIT 
C 


Operating temperature 
NE614 0 to +70 A 


Power supply voltage range 


DC current drain 


Mute switch input threshold (on) 


(off) 


AC ELECTRICAL CHARACTERISTICS T, = 25°C; Vcc = + 6V unless otherwise stated. RF frequency = 455kHz; 
RF level = -47dBm; FM modulation = 1kHz with +8kHz peak deviation. Audio output with C-message weighted filter and de-emphasis 


capacitor. 
PARAMETER TEST CONDITIONS 
. Input limiting - 3dB Test at pin 16 


: [= =00 [com 
= 


de-emphasis capacitor 
a ae re: 
ee Ee ee et oe 
ae 


SINAD sensitivity | | RF level-97dBm | cai tee | 


Quadrature detector data 
output impedance 


Muted audio output impedance 
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Low power FM IF system 


TYPICAL APPLICATION 


= 


Gq 


0.1 nF 


TEST SET-UP 


AM FM RF 
SIGNAL 
GENERATOR 


RF INPUT 


MUTE INPUT 


MUTE 
POWER SUPPLY 


is ta 3 
SIGNAL 
VOLTAGE 
REGULATOR 


STRENGTH 


Vec 
POWER SUPPLY 


DATA 
OUTPUT 


NE 614 TEST CIRCUIT AUDIO OUTPUT 


RSS! OUTPUT 


C-MESSAGE 
WEIGHTING 
FILTER 


AUDIO 
DISTORTION 
& LEVEL METER 


NE614 


BDO01950S 
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NE 614 TEST CIRCUIT 


(o) Cy Ro 


Ry 


C1 10nF +80-20% 63V K10000-Z5V Ceramic 
C2 100nF + 10% 50V Polyester 

C3 100nF + 10% 5O0V Polyester 

C4 100nF + 10% SOV Polyester 

C5 100nF +10% 50V Polyester 

C6 10pF +2% 100V NPO Ceramic 

C7 100nF +10% 50V Polyester. 

C8 100nF + 10% 50V Polyester 

C9 15nF +10% 50V Polyester 

C10 150pF +2% 100V N1500 Ceramic 

C11 1nF+10% 100V K2000-Y5P Ceramic 
C12 6.8uF + 20% 25V Tantalum 

F1 455kHz Ceramic Filter Murata SFG455A3 
F2 455kHz IF Filter A2549 

R1 512+£1% 1/4W Metal Film 

R2 150002 + 1% 1/4W Metal Film 

R3 1500892 +5% 1/8W Carbon Composition 
R4 100k§2+1% 1/4W Metal Film 


Description of Operation 

The NE614 is comprised of five subsystems 
for IF signal processing. These subsystems, 
two IF limiting amplifiers, quadrature detector, 
audio mute, and logarithmic signal strength, 
can be configured to satisfy many high- 
performance or low-power systems objec- 
tives. Internal temperature compensated bias 
regulation completes the circuitry. 


Figure 2 shows the equivalent circuits of the 
NE614. 
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oe ee ee 


Figure 1. NE614 Test Circuit And Parts List 


Limiting Amplifiers 

The NE614 has two independent limiting IF 
amplifiers. The first has a typical gain of 
30dB. The second typically has 60dB gain. 
Both have 1.5K nominal input impedance and 
15MHz bandwidth. The output impedance of 
the first limiter is approximately 1kQ. These 
impedances permit direct interface with popu- 
lar ceramic filters such as the SFU455. On 
the surface, the 1K output of the first limiter 
would not seem correct. However, approxi- 
mately 6dB insertion loss is required between 


Q = 20 LOADED 
-_-—4 ; 


= | 


Fo 


OUTPUT 


TC02470S 


limiter stages to optimize the linearity of the 
signal strength indicator. The impedance mis- 
match has little effect on passband. Use of an 
interstage filter reduces wideband noise. A 
DC blocking capacitor or L/C filter can also 
be used. 


As the signal frequency increases, the 90dB 
total gain can become a source of instability. 
Figure 3 shows the limiters as a closed loop 
system with stray capacitance and the equiv- 
alent AC input impedance setting the loop 
gain. 


Low power FM IF system 


ADJUST FOR 6 dB INSERTION 
LOSS RELATIVE TO THE 1K 


SOURCE (PIN 14) AND THE 1.5K LOAD (PIN 12) 


WAVE 
RECT. 


GNO = = Voc 


Figure 2. Equivalent Circuit 
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Figure 3. Considerations For Stability 


NE614 


8D01960S 


The equivalent AC attenuation factor from the 
output to the input must be greater than 90dB 
or oscillation can occur. The input impedance 
of the device is nominally 1.5K. The stray 
layout capacitance is a frequency-dependent 
impedance so that as the frequency of opera- 
tion or the value of stray capacitance in- 
creases, the output-to-input attenuation fac- 
tor decreases. Keep stray capacitance low by 
using good RF layout technique. Sockets 
should be avoided above 455kHz. 


Good RF layout is the proper way to avoid 
instability. However, if system constraints re- 
quire, stability can be achieved by only using 
one of the limiting amplifiers, or by adding a 
resistance, Rjjy, which will increase the atten- 
uation factor. 
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44.545 
= 3rd OVERTURE 
7” XTAL 


0.1 uF 110 pF 


100 nF Bee 


10 nF 


} DATA 


0.1 KF Our 


C-MESSAGE 
FILTER 


= RECOVERED AUDIO FOR 
18 KHz PEAK DEVIATION) (dB) 


AUDIO OUT — “C" MESSAGE WEIGHTED 
(0 d8 REF 


Adding an input resistor is an easy way to 
reduce the attenuation factor, but may make 
correct termination of interstage filters difficult 
or impossible. At 455kHz instability should not 
be a problem if reasonable RF layout is used. 
Figure 4a indicates a 455kHz circuit configu- 
ration which should serve as a reasonable 
starting point for many applications. This 
circuit is configured for 46/49MHz cordless 
telephone. 


Quadrature Detector 

The detector of the NE614 is a four quadrant 
multiplier of the Gilbert cell type. It can be 
used for frequency or amplitude demodula- 
tion. Figure 4b indicates a typical quadrature 
FM configuration. Fully limited in-phase signal 
is applied to the multiplier internally. 90° 
phase shift is accomplished with the L/C 
tuned circuit connected directly to Pin 8 and 
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a. NE614 Application Circuit 


NEG614 1.F INPUT (:V) (15000) 


AM (80% MOO) 


NE612 RF INPUT (dBm) (50!)) 


b. Typical Application Circuit Performance 
Figure 4 


capacitively to Pin 9. Because of the DC bias 
of the NE614, the phase shift network must 
be returned to ground through a low imped- 
ance capacitor. Recovered signal is continu- 
ously available at Pin 7 or on a switched basis 
at Pin 6. 


Table 1. System Parameters as 
Applied to Figure 4A 


RPU = 233K 


RPL = 40K 
LP = 644yuH 


AUDIO 
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[ QUAD TANK a 


EQUATION 
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————— _ (1 + j2Q— ) + joy 
RPL RPU wg 


Q =.u9(RPL RPU) CP 
dw = PEAK DEVIATION 


wo = CENTER FREQUENCY 


TC02590S 


Figure 5. General Equations 
For Quadrature Coil 


Low power FM IF system 


The quadrature coil or crystal/ceramic dis- 
criminator affects three system parameters: 
Bandwidth, linearity, and detected signal am- 
plitude. Figure 6 shows three quadrature 
curves. 


Curve A has the most narrow bandwidth and 
high peak-to-peak output versus frequency 
deviation corresponding to a high Q network. 
Curve C is very low Q with good linearity and 
shows how very large deviations can be 
processed. Curve B shows how the quadra- 
ture network can cause non-linearity in the 
detected output. A typical loaded Q for the 
455kHz quadrature coil of Figure 4 is 20. 
Using the test circuit of Figure 4 with an input 
of -47dBm, the recovered audio is typically 
90MVims with -~35dB distortion. 


While the NE614 was designed principally for 
FM applications, the detector can be used for 
synchronous amplitude demodulation if the 
carrier is limited through the internal circuitry 
and AGC'd external to the device. The AGC'd 
signal is applied to Pin 8 instead of a quadra- 
ture signal. The signal strength indicator can 
control AGC. A low pass filter on the output 
completes the demodulator. Figure 7 shows 
the equivalent circuit. 
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———_» FREQUENCY ——> 


Figure 6. Quadrature 
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Figure 7. Synchronous AM Detection 


NE614 


Audio Mute 

An electronic switch permits muting or 
squelch of one of the demodulated outputs. 
The data (unmuted output) and audio (muted 
output) both have 50kQ2 output impedance 
and their detected signals are 180 degrees 
out of phase with each other. The mute input 
(Pin 3) has a very high impedance and is 
compatible with three and five volt CMOS and 
TTL levels. Little or no DC level shift occurs 
after muting when the quadrature detector is 
adjusted to the IF center frequency. Muting 
will attenuate the audio signal by more than 
60dB and no voltage spikes will be generated 
by muting. 


Signal Strength Indicator 

The logarithmic signal strength indicator is a 
current source output with maximum source 
current of 50 microamps. The signal strength 
indicator's transfer function is approximately 
10 microamps per 20dB and is independent 
of IF frequency. The interstage filter must 
have a 6dB insertion loss to optimize slope 
linearity. 


AUDIO 
OUTPUT 
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S/N REJECTION (dB) 


INDICATED GAIN (dB) 


TEMPERATURE (°C) 


TEMPERATURE (°C) 


OP01470S 


Figure 8. NE614 Indicated Gain 
vs Temperature and Voltage 
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Figure 9. NE614 Signal-To-Noise 
Ratio vs Temperature 
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Figure 10. NE614 AM Rejection vs Temperature Figure 11. NE614 Audio Output vs Temperature 
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Figure 12. NE614 Data Output vs Temperature 


Figure 13. RSSI vs Temperature 
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TEMPERATURE (°C) 
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Figure 14. NE614 SINAD vs Temperature and Vcc Figure 15. NE614 Supply Current vs Temperature 
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Figure 16. NE614 Muting vs Temperature Figure 17. NE614 Limiting RF Level vs Temperature 


70 
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Figure 18. NE614 Large Signal Uncompensated Figure 19. NE614 Total Harmonic 
RSSI Voltage vs Temperature Distortion vs Temperature 
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NE614 
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SMALL SIGNAL ICC (mA) 


70 TEMPERATURE (°C) 
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Figure 20. NE614 Supply Current Figure 21. Small Signal RSSI vs Temperature and Voltage 
vs Temperature. and Voltage | 
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Advance Information 


NE5900 


Call Progress Decoder 


DESCRIPTION 


The NE5900 call progress decoder is a 
low cost, low power CMOS integrated 
circuit designed to interface with a 
microprocessor controlled smart tele- 
phone capable of making pre- 
programmed telephone calls. The call 
progress decoder provides information 
to permit microprocessor decisions 
whether to initiate, continue, or termi- 
nate calls. A tri-state, 3-bit output code 
indicates the presence of dial tone, audi- 
ble ringback, busy signal, or recorder 
tones. 


A front-end bandpass filter is accom- 
plished with switched capacitors. The 
bandshaped signal is detected and the 
cadence is measured prior to output 
decoding. In addition to the three data 
bits, a buffered bandpass output and 
envelope output are available. All logic 
inputs and outputs can interface with 
LSTTL, CMOS, and NMOS. 


Circuit features include low power con- 
sumption and easy application. Few and 
inexpensive external components 


BLOCK DIAGRAM CPD 


FILTER 


are required. A typical application 
requires a 3.58MHz crystal or clock, 
470kQ resistor, and two bypass capaci- 
tors. The NE5900 is effective where tra- 
ditional call progress tones, PBX tones, 
and precision call progress tones must 
be correctly interpreted with a single cir- 
Cuit. 


FEATURES 


e Fully decoded tri-state call 
progress status output 

e Works with traditional, precision, 

or PBX call progress tones 

Low power consumption 

Low cost 3.58MHz crystal or clock 

No calibration or adjustment 

Interfaces with LSTLL, CMOS, 

NMOS 

e Easy application 


APPLICATIONS 


° Modems 

¢ PBXs 

¢ Security equipment 
¢ Auto dialers 

e Answering machines 
e Remote diagnostics 
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Order Numbers 
NES5900D NE5900N 


NOTES: 

1. SOL — Released in large SO package 
only. 

2. SOL and non-standard pinout. 

3. SO and non-standard pinout. 
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ABSOLUTE MAXIMUM RATINGS 


PARAMETER RATING 


_ Power Supply Voltage 9 
Logic Control Input Voltages -0.3 to +16 
All Other Input Voltages’ ~0.3 to Veo + 0.3 
Output Voltages - 0.3 to Veoo + 0.3 


Storage Temperature -— 65 to + 150 
Operating Temperature 0 to +70 
Lead Soldering Temperature (10 sec) + 300 


Junction Temperature 


NOTE: 
1. Includes Pin 3 — Ext Clock In 


+ 150 


ELECTRICAL CHARACTERISTICS Unless otherwise stated Vpp = 5.0V, fogc = 3.58MHz 0°C, Ts = 70°C 


LIMITS 
SYMBOL PARAMETER TEST CONDITIONS rT 


ye [vex 


4.5 
— 40 
800 


Input range’ ; fin = 300 to 640Hz, ENV output = 1 


aa nal 

oa 

I 

eens 
[J Sal rejecion [Al requencies, ENV ouput=0 
TF tow requeney reecion | Input= 048 max, ENV output=0 
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Logic 1 input current Vin = 5.0V Pins 3, 6, 14 
Logic 0 input current Vin = OV Pins 3, 6, 14 
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FE Agource = 0-5MA Pins 7, 9, 10, 11, 12, 13 4.6 


Osc (Pin 3) EXT clock 
FE Agi = 1.6MA Pins 7, 9, 10, 11, 12, 13 
Tri-State leakage Vo = Vpp or OV Pins 10, 11, 12, 13 


Filter output voltage R, = 1M9, fy = 480Hz, 0dB TBD 
Pin 1 input impedance* f = 500Hz 1 
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NOTES: 
1. OdB =0.775V RMS 
2. By design — not tested 
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TRUTH TABLE — DECODED OUTPUT Test and clear inputs low 
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Count in Progress 
Outputs Disabled 


DESCRIPTION OF OPERATION 


The NES5900 call progress decoder was 
designed to accommodate the various call 
progress tone systems which are presently in 
use in the U.S. and many other parts of the 
world. To identify dial tone, ringback, busy 
signals, or reorder tones, the NE5900 uses a 


TONE FREQUENCY (Hz) 


350 
PRECISION DIAL TONE +440 
600 
+ 120 OR 133, AND 
OTHER COMBINATIONS 


OLD DIAL TONES 


480 
PRECISION BUSY +620 
600 
OLD BUSY +120 


480 
PRECISION REORDER +620 


600 


OLD REORDER +120 


440 
PRECISION AUDIBLE RINGBACK +480 
420 
+40 AND OTHER. 
COMBINATIONS 


OLD AUDIBLE RINGBACK 


Figure 1. Call Progress Tones 
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cadence counting technique. This eliminates 
the problem of identifying the specific tones 
by their individual frequencies, which are not 
standard from system to system. 


Figure 1 shows some of the call progress 
tones which can be encountered when calling 
from phone system to system within the U.S. 
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Note that although the frequencies are not 


standardized, the cadence or interruption 
rate does not vary. Even the three types of 
reorder tones share the same period of 
0.5 sec. 


Figure 2 shows a profile of the tone energy 
described in Figure 1. Note the double ring 
(audible ringback) which can be encountered 
with PBXs. 


CALL PROGRESS TIMING 
TONES 2.3| SECONDS 
0|SECONDS |. 


0 | SECONDS 
2.3| SECONDS 


°120 INTERRUPTIONS/MIN. 


Figure 2. Energy Profile of Call 
Progress Timing 
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The NE5S900 uses the signal in the call pro- 
gress tone passband and the cadence or 
interrupt rate of the signal to determine which 
call progress tone is present. 


Figure 3 shows a detailed block diagram of 
the NE5900. 


The signal input from the phone line is coup- 
led through a 470k resistor which, together 
with two internal capacitors and an internal 
resistor, form an anti-aliasing filter. The 470kQ 
resistor also provides protection from line 
transients. 


Following this is a switched capacitor band- 
pass filter which accepts call progress tones 
and inhibits tones not in the call progress 
band of 300Hz to 640Hz. The bandpass limits 
are determined by the input clock frequency 
of 3.58MHz. An on-board inverter between 
pins 3 and 4 can be used either as a parallel 
mode crystal oscillator or as a buffer for an 
external 3.58MHz clock signal. The switched 
capacitor filters provide typical rejection of 
greater than 40dB for frequencies below 
12OHz and above 1.6kHz. 
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The decoder responds to signals between 
300Hz and 640Hz over an amplitude range of 


0dB to -40dB (0dB=0.775VRMS). The 
decoder will not respond to any signals below 
~ 50dB or to tones up to 0dB which are below 
180Hz or above 800Hz. Dropouts of 20msec 
or bursts of only 20msec duration are 
ignored. A gap of 40msec or a valid tone of 
40msec is detected. 


The buffered output of the switched capacitor 
filter is available at the analog output, pin 15. 
A logic output representing the detected 
envelope of this signal is available at the 
envelope output, pin 13. 


At the start of an in-band tone (envelope out- 
put goes high), a 2.3-second interval is timed 
out. Transitions of the envelope during this 
interval are counted to determine the signal 
present. At 2.3 seconds, the three bits of data 
representing this decision are stored in the 
la:ch and appear at the outputs. A data valid 


sc 


Figure 3. Detailed Block Diagram CPD 


signal goes high at this time, signaling that 
the data bits, pins 10-12, can be read. 


The output code is as follows: 


PIN 12 PIN 11 PIN 10 
DIAL TONE 0 0 0 
RINGING SIGNAL 1 0 0 
BUSY SIGNAL 9) 1 0 
REORDER TONE 0 0 1 
OVERFLOW 1 1 1 


The overflow condition occurs in the event 
that too many transitions occur during the 
2.3-second interval. This can result from 
noise, voice, or other line disturbances not 
normally present during the post-dialing 
interval. 


The clear input resets all internal registers 
and the output latch, and is to be set low after 
the completion of dialing. The test pin is for 
production test only and must be kept low in 
all user applications. 
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Figure 4 shows a typical application of the call 
progress decoder. 


In this application only one external compo- 
nent is needed and no microprocessor activ- 
ity other than clear is required. 


Figure 5 shows the recommended direct 
interface to the telephone line. Bus connec- 
tion is possible by utilizing tri-state, and inter- 
nal timing is accomplished with a 3.58MHz 
crystal 


The designer can utilize the input signal. 
clock, bus, or microprocessor interface which 
best serves the application. Figure 6 gives a 
typical timing diagram for the application of 
Figures 4 and 5. 
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Figure 4. Typical Application 
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DEVELOPMENT DATA 
This data sheet contains advance information and OM8200 


specifications are subject to change without notice. 


LOW COST SPEECH DEMONSTRATION BOARD 


GENERAL DESCRIPTION 


The low cost speech demonstration board is designed to add voice output to existing card based 
electronic equipment with the minimum of additional effort and components. The majority of 
components used are of the CMOS type with low power consumption making the board suitable 
for battery operation. 


Applications include speech evaluation and speech demonstration. 


FEATURES 


@ PCF8200 speech synthesizer 

— Male and female speech of very high quality 

— CMOS technology 

— Extended operating temperature range 

— Programmable speaking speed 
@ Low current consumption 

— All major components use CMOS technology 

(PCF8200, 80C39 and 27C64) 

@ Very large vocabulary up to 12 minutes 

— 4 EPROM sockets 

— EPROM selection for 27C16 to 27C256 

— Low data rates for synthesizer (average 1500 bits per second) 
@ Easy interfacing 

— 8-bit parallel data bus/key switch input 

— Volume control, speaker connection 

— Control signals (e.g. RESET, BUSY etc etc) 
@ Simple operating modes 

— ROM selection 

— Word sequence within a ROM 

— Repeat last utterence 

— Control software is readily customizeable 

— To implement parameter download from external source 
@ Single Eurocard size PC board 
@ Single +5 V supply 
@ Low cost 


APPLICATIONS 
@ OEM design-in 
@ May be simply used with many card systems for speech evaluation 
@ Speech demonstration 
— Particularly simple when used with the OM8201 (Speech Demonstration Box) 
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Low cost speech demonstration board OM 8200 


OPERATION 


HARDWARE DESCRIPTION 


The main controlling microprocessor is an 80C39 running at 6 MHz. This device supplies all of the 
main controlling signals for the board operation and the interfacing to any external system. 

Four sockets are provided for EPROMS which contain speech coding. These may be 27C16 types, 
through to 27C256 types; the sockets will be a low insertion force type to allow for easy customizing. 
The board will be supplied with one socket occupied by a 27C64 which will contain the control 
program and some speech examples. All four EPROM sockets must contain the same EPROM type. 


The speech synthesizer PCF8200 converts the coding into a speech output. This synthesizer has been 
designed to simulate the human vocal tract using five formants for male and four formants for female 
speech. Periodic updating of the parameters for these formants can produce very high quality speech. 


The output of the synthesizer can be fed into an audio amplifier, TDA7050, via a resistor-capacitor filter 
network which provides a frequency cut-off above 5 kHz of about 25 dB. The configuration of the 
audio amplifier used on this board gives an output of 140 mW peak power into a 25 Q speaker from 

a5 V supply. 


Connections are made to the board via a standard DIN/IEC connector. This allows access to the 
8-bit parallel data bus so that speech coding from an external source may be used, if implemented, 
and allows the selection of speech phrases by an external system, such as a microcomputer or even a 
bank of switches. The same connector also permits the addition of a volume control, loudspeaker, a 
high impedance audio output, and power supply. The control signals RESET, BUSY, WAIT and DS 
are also taken to the outside of the board. There is also a loudspeaker plug on the board. 


All components are contained on a standard single Eurocard, and therefore suitable for rack mounted 
equipment. 


SOFTWARE DESCRIPTION 


All the software required to operate the board is contained in the only EPROM supplied. The software 
is written in modular from so that it is possible for a customer to alter or add to any particular function 
which suits his applications. An industrial standard microprocessor was chosen so that readily available 
development systems could be used to facilitate this modification. 


DEVELOPMENT DATA 


There are four main modes of operation: 


— ROM Selection 

— Word Sequence 

— Repeat Word 

— Speaking Speed Selection 


These modes are all controlled by software. 


ROM Selection mode permits access to an individual EPROM and pronounces the first utterence 
from that EPROM. 


Word Sequence gives the next word (activated by repeated access to the same EPROM) and if continually 
exercised will keep looping on the words in that EPROM. 


The Repeat Word command allows indefinate repetition of the last utterance pronounced. 
The Speaking Speed Selection allows the utterence to be pronounced at a different speed. 


The software also controls the address sequencing within the utterance and ensures that the required 
data is supplied to the synthesizer. 
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There are also some examples of words/utterences encoded in the remainder of the supplied EPROM. 
These words are intended for demonstration purposes and will show the features of the synthesizer 
when selected. The main features being illustrated are: 


— Male speech in several languages 
— Female speech in several languages 
— Programmable speaking speed 


ORDERING INFORMATION 


Product name: Low Cost Speech Demonstration Board 
Type number: OM8200 
Ordering code: 9337 541 30000 


Orders should be placed with your local Philips/Signetics agency. 
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DEVELOPMENT DATA 


This data sheet contains advance information and 
specifications are subject to change without notice. 


SPEECH ANALYSIS/EDITING SYSTEM 


GENERAL DESCRIPTION 


The OM8210 is a speech analysing/editing system, and comprises of a speech adapter box and associated 


software. The system uses either the HP9816S or IBM-PC personal computer. 
The OM8210 and the computer function together to produce speech coding for the PCF8200. 
The system has many commands available, mostly single key operations, which gives it flexability. 


FEATURES 


Input sampling of analogue speech signals 

Speech analysis 

Graphic parameter representation 

Parameter editing screen 

Conversion of parameters to PCF8200 synthesizer 
EPROM programming 

Parameter storage on floppy disc 

Speech output via PCF8200 voice synthesizer 
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Fig. 1 Block diagram. 
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HARDWARE DESCRIPTION 


The hardware for the OM8210 is contained in an attractive box with access to all the interconnections 
(IEC 625, interface loudspeaker, headphones, tape input, and EPROM socket), from the front panel. 
There are four single Eurocards and a power supply forming the speech adapter box. 

These cards are: 

— Analogue Card 

— Synthesizer Card 

— EPROM Card 

— Control Card 


Analogue Card 


On this card, the level of the recorded audio input signal is adjusted by an electronic potentiometer. 
Before the audio is sampled, frequencies higher than half the sampling frequency are removed by a 
switched capacitor filter of the type normally used for codecs. A 12-bit analogue-to-digital converter 
(ADC) produces the digital samples that are sent to the control card. An 8-bit digital-to-analogue 
converter (DAC) on the analogue card allows the sampled speech to be output. The audio input signal, 
the sampled speech and the synthesized speech are selected by an analogue multiplexer, filtered, 

and adjusted for volume before reproduction by a loudspeaker. 

The use of integrated electronic potentiometers and codec filters substantially reduces the number 

of components required while maintaining high performance. 


Synthesizer Card 


This card accommodates the PCF8200 voice synthesizer and a small amount of peripheral components 
and a socket for the MEA8000 voice synthesizer. 


EPROM Programmer Card 


This card allows four different types of EP ROM (2716, 2732, 2732A and 2764) to be programmed 
under software control. All the hardware to generate the programming voltages and the programming 
waveforms are on this card. 


Control Card 
This card performs three functions: 


— IEC 625/IEEE 488 interface 
— Control sequencer 
-- Clock generator 


The IEC/IEEE interface is a simple talker/listener implementation with a HEF 4738 circuit. 


An FPLA control sequencer provides the handshake signals for IEC/IEEE interface and the chip 
enable signals for the rest of the system (the ADC, the DAC, the synthesizer and control circuits). 


The filter sampling frequency is generated with a software programmable PLL frequency synthesizer. 
The speech sampling frequency is derived from the filter sampling frequency by frequency division. 
Hence, the filter frequency cut-off and the sample rate of the ADC and the DAC are automatically 
linked. 


The hardware includes all the necessary cables, adapter plug, loudspeaker, headphone and power supply. 
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SOFTWARE DESCRIPTION 


The software for this speech coding system has been developed and arranged for optimum user 
convenience. There are eight modes available. 


Each mode and each command in the mode Is selected by single key entries. Commands that can 
destroy data have to be confirmed before they are executed. More than 100 commands are available. 
The modes are: 


Sample Mode Samples and digitizes the recorded speech, the amplitude can be checked and 
speech segments selected. The sampled speech is stored in a memory and can 
be displayed or made audible. 


Analysis Mode Generates speech parameters from samples. The analysis selects the voiced/ 
unvoiced sections, extracts the formants (5 for male and 4 for female), 
amplitude, and the pitch, and quantisizes the speech parameters. 


Parameter Speech parameters are displayed graphically on the VDU and can be edited to 
Edit Mode correct errors in the analysis, improve speech quality by altering contours, 
or amplitudes, concatenate sounds and optimize data rate by editing the frame 
duration. 
Code Mode Generates PCF8200 code and permits the arrangement of utterences in the 


optimum order of application. This mode also generates the address map at the 


me head of the EPROM. 

- 

a EPROM Mode Used to program/read EPROMS with data for the code memory also possible is 

‘az a new check, bit check and verification commands. 

= File Mode Stores speech parameters or codes on disc, can also assemble code speech segment 
= from an already existing library. 

C Media Mode For diskette initialization and making back-up copies. 

Lu 

> Option Mode Allows the system configuration to be read or changed. 

QO 


The software is supplied on two diskettes, one labelled ‘BOOT’ which wakes up the system and also 
contains the system library routines, The other diskette labelled ‘SPEECH’ contains the speech pro- 
gram, the disc initialization and the file handler programs. The ‘BOOT’ disc is not required during 
Operation, giving a free disc drive with the system for a diskette to store speech parameter files. 


Computer System 


The following equipment is required to make a complete Hewlett Packard based editing system: 
— HP9816S-630 (optimum computer type) or HP9817 

— HP9121D (dual floppy disc) 

— Additional memory card for the HP9816S (512 K bytes total required) 


The following equipment is required to make a complete IBM based editing system: 
— |BM-PC or PC-XT or Philips P3100 

— Additional memory (512 K recommended) 

— Display graphics card (Hercules monochrome) 

— |EEE488 card (Tecmar Rev. D.) 


ORDERING INFORMATION 


Product name: Speech Analysis/Editing System 
Type number: OM8210 
Ordering code: 9337 561 50112 


The computer system should be purchased from your local agents. 
The OM8210 should be ordered through your local Philips/Signetics agent. 
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DEVELOPMENT DATA 


This data sheet contains advance information and 


PCB80C31BH 
PCB80C51BH 


specifications are subject to change without notice. 


SINGLE-CHIP 8-BIT MICROCONTROLLER 


DESCRIPTION 


The PCB80C51 family of single-chip 8-bit microcontrollers is manufactured in an advanced CMOS 
process. The family consists of the following members: 


@e PCB80C31BH: ROM-less version of the PCB80C51BH 
® PCB80C51BH: 4 K bytes mask-programmable ROM, 128 bytes RAM 


In the following, the generic term ‘PCB80C51BH” is used to refer to both family members. 


The device provides hardware features, architectural enhancements and new instructions to function 
as a controller for applications requiring up to 64 K bytes of program memory and/or up to 64 K 
bytes of data storage. 


The PCB80C51BH contains a non-volatile 4 K x 8 read-only program memory (not ROM-less version); 
a volatile 128 x 8 read/write data memory; 32 I/O lines; two 16-bit timer/event counters; a five-source, 
two-priority-level, nested interrupt structure; a serial |/O port for either multi-processor communica- 
tions, |1/O expansion, or full duplex UART; and on-chip oscillator and timing circuits. For systems 
that require extra capability, the PCB80C51BH can be expanded using standard TTL compatible 
memories and logic. 


The PCB80C31BH/80C51BH has two software selectable modes of reduced activity for further power 
reduction — Idle and Power Down. 

The Idle modes freezes the CPU while allowing the RAM, timers, serial port and interrupt system to 
continue functioning. 

The Power Down mode saves the RAM contents but freezes the oscillator causing all other chip 
functions to be inoperative. 


The device also functions as an arithmetic processor having facilities for both binary and BCD 

arithmetic plus bit-handling capabilities. The instruction set consists of 255 instructions; 44% one-byte, 
41% two-byte and 15% three-byte. With a 12 MHz crystal for example, 58% of the instructions are 
executed in 1 ws and 40% in 2 us. Multiply and divide instructions require 4 us. Multiply, divide, subtract 
and compare are among the many instructions added to the standard PCB80C48 instruction set. 
Software development to be announced: PCB85C51 in piggy-back. 


Features 
@ 4K x8 ROM (80C51BH only), 128 x 8 RAM @ 58% of instructions executed in 1 us; 
@ Four 8-bit ports, 32 I/O lines multiply and divide in 4 ws; all others 
@® Two 16-bit timer/event counters executed in 2 us (at 12 MHz clock) 
@ Full-duplex serial port @ Enhanced architecture with: 
@ External memory expandable to 128 K, external non-page-oriented-instructions 
ROM up to 64 K and/or external RAM up to 64 K direct addressing 
@® Boolean processing four 8-byte + 1-byte register banks 
@ 218 bit-addressable locations stack depth up to 128-bytes 
® On-chip oscillator multiply, divide, subtract and compare 
@ Five-source interrupt structure with two priority instructions. 
levels @ Available as 


PCB80C51/C31BH with 1,2 to 16 MHz 
PCF80C51/C31BH with 1,2 to 12 MHz 


PACKAGE OUTLINES 


PCB/PCF80C31BH/51BHP: 40-lead DIL; plastic (SOT-129). 
PCB/PCF80C31BH/51BHWP: 44-lead PLCC; plastic, leaded-chip-carrier (SOT-187A). 
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Fig. 1 Block diagram. 
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IcCmax at 5.5 V 
0 — 70°C 1,2—16MHz | 23mA* 
~40-+85°C | 1,2—12MHz 


DEVELOPMENT DATA 
This data sheet contains advance information and PCB8582 


specifications are subject to change without notice. 


STATIC CMOS EEPROM (256 x 8 BIT) 


GENERAL DESCRIPTION 


The PCB8582 is a 2K-bit 5 V electrically erasable programmable read only memory (EEPROM) 
organized as 256 by 8 bits. It is designed in a floating gate CMOS technology. 


As data bytes are received and transmitted via the serial |*C bus, an eight pin DIL package is sufficient. 
Up to eight PCB8582 devices may be connected to the |*C bus. 


Chip select is accomplished by three address inputs. 


Features 


Non-volatile storage of 2K-bit organized as 256 x 8 
Only one power supply required (5 V) 

On chip voltage multiplier for erase/write 

Serial input/output bus (1? C) 

Automatic word address incrementing 

Low power consumption 

One point erase/write timer 

Power on reset 

10 000 erase/write cycles per byte 

10 years non-volatile data retention 

Infinite number of read cycles 

Pin and address compatible to PCF8570, PCF 8571 and PCD8572 


@ Aversion for extended temperature range; —40 to + 85 9C in preparation: PCF 8582. | 


PACKAGE OUTLINE 
PCB8582P: 8-lead DIL; plastic (SOT-97AE). 
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DEVELOPMENT DATA 


Static CMOS EEPROM (256 x 8 bit) PCB8582 
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Fig. 2 Pinning diagram. 


FUNCTIONAL DESCRIPTION 


Characteristics of the I7C bus 


The 1?C bus is intended for communication between different ICs. The serial bus consists of two 
bi-directional lines, one for data signals (SDA), and one for clock signals (SCL). Both the SDA and the 
SCL lines must be connected to a positive supply voltage via a pull-up resistor. 


The following protocol has been defined: 

Data transfer may be initiated only when the bus is not busy. 

During data transfer, the data line must remain stable whenever the clock line is HIGH. Changes in the 
data line while the clock line is HIGH will be interpreted as control signals. 


Accordingly, the following bus conditions have been defined: 

Bus not busy: both data and clock lines remain HIGH. 

Start data transfer: a change in the state of the data line, from HIGH to LOW, while the clock is HIGH 
defines the start condition. | 

Stop data transfer: a change in the state of the data line, from LOW to HIGH, while the clock is HIGH, 
defines the stop condition. 

Data valid: the state of the data line represents valid data when, after a start condition, the data line 

is stable for the duration of the HIGH period of the clock signal. The data on the line may be changed 
during the LOW period of the clock signal. There is one clock pulse per bit of data. 


Each data transfer is initiated with a start condition and terminated with a stop condition; the number 
of the data bytes, transfered between the start and stop conditions is limited to two bytes in the 
ERASE/WRITE mode and unlimited in the READ mode. The information is transmitted in bytes and 
each receiver acknowledges with a ninth bit. 


Within the |*C bus specifications a low-speed mode (2 kHz clock rate) and a high-speed mode (100 kHz 
clock rate) are defined. The PCB8582 works in both modes. 

By definition a device that gives out a signal is called a ‘’transmitter’’, and the device which receives 

the signal is called a ‘’receiver’’. The device which controls the signal is called the ‘’master’’. The devices 
that are controlled by the master are called ‘’slaves”’. 


Each word of eight bits is followed by one acknowledge bit. This acknowledge bit is a HIGH level put 
on the bus by the transmitter whereas the master generates an extra acknowledge related clock pulse. 
A slave receiver which is addressed is obliged to generate an acknowledge after the reception of each 
byte. 

Also, a master receiver must generate an acknowledge after the reception of each byte that has been 
clocked out of the slave transmitter. 

The device that acknowledges has to pull down the SDA line during the acknowledge clock pulse in 
such a way that the SDA line is stable LOW during the high period of the acknowledge related clock 
pulse. 

Set-up-and hoid times must be taken into account. A master receiver must signal an end of data to the 
slave transmitter by not generating an acknowledge on the last byte that has been clocked out of the 
slave. In this case the transmitter must leave the data line HIGH to enable the master generation of the 
stop condition. 
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Note 


The general characteristics and detailed specification of the |? C bus are described in a separate data 
sheet (serial data buses) in handbook: ICs for digital systems in radio, audio and video equipment. 


I?C bus protocol 


The |? bus configuration for different READ and WRITE cycles of the PCB8582 are shown in 
Fig. 3, (a) and (b). 


acknowledge acknowledge acknowledge acknowledge 
from slave from slave from slave from slave 


— > SLAVE ADDRESS jo} a WORD ADDRESS DATA DATA (1) 


7794117.1 R/W auto increment auto increment 
word address (2) word address (2) 


Fig. 3(a) Slave receiver ERASE/WRITE mode. 


1. After this stop condition the erase/write cycle starts and the bus is free for another transmission; 
the duration of the erase/write cycle is approximatly 20 ms if only one byte is written, and 40 ms, 
if two bytes are written. During the erase/write cycle the slave receiver does not send an acknow- 
ledge bit if addressed via 1? C bus. | | 


. The second data byte is voluntary. Trying to erase/write more than two bytes is not allowed. 


NO 


acknowledge acknowledge acknowledge acknowledge 
from slave from slave from slave from master 


ES SLAVE ADDRESS WORD ADDRESS lA] S SLAVE ADDRESS~ 1 DATA aA 


0 
a at this moment master [. Bue 
R/W ; transmitter becomes R/W n bytes 
master receiver and 


PCB8582 slave receiver auto increment 
1AeI0 S28 becomes slave transmitter word address 


no acknowledge 
from master 


ce LO 
t____—__ Jast byte 


auto increment 
word address 


Fig. 3(b) Master reads PCB8582 slave after setting word address. 
(WRITE word address; READ data). 


Note: The slave address is defined in accordance with the |?C bus specification as: 


BORG Onon 
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Static CMOS EEPROM (256 x 8 bit) _ PCB8582 


acknowledge acknowledge no acknowledge 
from slave from master from master 


aba oe 


R/w '———n mh L—_____. last byte seod 


auto increment auto increment 
7Z87033.4 word address word address 


Fig. 3(c) Master reads PCB8582 slave immediately after first byte (READ mode). 


I?C bus timing 
Fig. 4 shows the |? bus timing. 


| tBUF—> ee 
= @ alee see 
~ 
<x 
a) SCL 
—_ 
a 
s — | typ;sta l<— eae es 
rs tHD;DAT tsu;DAT 
sl 
Lu 
> SDA 
Lu 
QO 
peepee = tsu;STA ~  tBUSTO - 
Fig. 4 Timing requirements for the 1*C bus. 
RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage | VppD —0,3to7 V 
Voltage, on any input pin 
(input impedance 500 {2) Vi Vss—0,8 to Vpp +0,8 V 
Operating temperature range Tamb 0to +70 OC 
Storage temperature range T stg —65 to +150 OC 
Current into any input pin I 1 mA 
Output current lo 10 mA 
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CHARACTERISTICS 
Vpp = 5 V; Vss = 0 V; Tamb = 0 to + 70 °C, unless otherwise specified. 


parameter 


Operating supply voltage 
Operating supply current, READ 
(fsLc = 100 kHz) 
Operating supply current, WRITE/ERASE 
Standby supply current (Vpp = 5 V) 


Input SCL and input/output SDA 


- Input/output SDA: 


Input voltage LOW 
Input voltage HIGH 
Output voltage LOW 
(lor =3 mA, Vpp = 4,5 V) 
Output leakage current HIGH (VoH = Vpp) 
Input leakage current 
(A0,A1,A2, SCL), (note 1) 
Clock frequency 
Input capacity (SCL,SDA) 
Noise suppression time constant 
at SCL and SDA input 
Time the bus must be free before a new 
transmission can start 
Hold time start condition. After this period 
the first clock ‘pulse is generated 
The LOW period of the clock 
The HIGH period of the clock 
Set-up time for start condition (only 
relevent for a repeated start condition) 
Hold time DATA for: 
CBUS compatible masters 
17 C devices (note 2) 
Set-up time DATA | 
Rise time for both SDA and SCL lines 
Fall time for both SDA and SCL lines 
Set-up time for stop condition 


Erase/write timer constant (note 3) 
Erase/write cycle time 


_Erase/write timing capacitor for 


erase/write cycle of 30 ms. 
Erase/write timing resistor for . 

erase/write cycle of 30 ms 
Data retention time 
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et 


4,5 


coco 
5 5,5 
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Static CMOS EEPROM (256 x 8 bit) PCB8582 


Notes to the characteristics 


1. Selection of the chip address is done by connecting the AO, A1, and A2 inputs either to Vss or Vpp. 
2. A transmitter must internally provide a hold time to bridge the undefined region (maximum 300 ns) 
of the falling edge of SCL. 


3. Endurance (number of erase/write cycles), NE/W, is 10* E/W cycles. 


Purchase of Philips’ |? C components conveys a license under the 
Philips” 17 patent to use the components in the |? C-system 
provided the system conforms to the !*C specifications defined 
by Philips. 


< 
_ 
<x 
QO 
= 
= 
LL 
= 
QO. 
oO 
—! 
Lu 
> 
td 
QO 
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DEVELOPMENT DATA 
This data sheet contains advance information and PCD3310 


specifications are subject to change without notice. 


PULSE AND DTMF DIALLER WITH REDIAL 


GENERAL DESCRIPTION 


The PCD3310 is a single-chip silicon gate CMOS integrated circuit with an on-chip oscillator for a 
3,58 MHz crystal. It is a dual-standard dialling circuit for either pulse dialling (PD) or dual tone multi- 
frequency (DTMF) dialling. 


Input data is derived from any standard matrix keyboard for dialling in either DP or DTMF mode. 
Numbers of up to 23 digits can be retained in RAM for redial and notepad facilities. 


In DTMF mode bursts as well as pauses are timed to a minimum, in manual dialling the maximum 
depends on the key depression time. 


Features 


Pulse and DTMF dialling 
23-digit capacity for redial operation (cursor method) 
Memory clear and electronic notepad 
Mixed mode dialling; start with PD and end with DTMF dialling 
Dual redial buffers for PABX and public calls 
Four extra function keys; program, flash, redial, PD to DTMF (mixed dialling) 
DTME timing: | 

manual dialling — minimum duration for bursts and pauses 

redialling — calibrated timing 
On-chip voltage reference for supply and temperature independent tone output 
On-chip filtering for low output distortion (CEPT CS 203 compatible) 
On-chip oscillator uses low-cost 3,58 MHz (tv colour burst) crystal 
Uses standard single-contact or double-contact (common left open) keyboard 
Keyboard entries fully debounced 
Flash (register recall) output 


QUICK REFERENCE DATA 


Operating supply voltage VDD 2,5t0 6,0 V 
Standby supply voltage \ Vppo 1,8 to 6,0 V 
Low standby current (on hook) at Vppo = 1,8 V Ippo max. 9 UA 
Operating currents at Vpp = 3,0 V 

conversation mode Ippc max. 150 wA 

pulse dialling mode IDDP max. 200 yA 

DTMEF dialling mode IDDF max. 1,2 mA 
DTMF output voltage level (r.m.s. values) 

HIGH group VHG(rms) _ typ. 192 mV 

LOW group VLG(rms) _ tyP- 150 mV 
Pre-emphasis of group AVG typ. 2,1 dB 
Total harmonic distortion THD —25 dB 
Operating ambient temperature range Tamb —25 to +70 °C 


PACKAGE OUTLINES 


PCD3310P: 20-lead DIL; plastic (SOT-146). 
PCD3310T: 28-lead mini-pack; plastic (SO-28; SOT-136A). 
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5 
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O G 
} 16 | 
= PD & FLASH LOGIC DP/FLO 
o © 
g PCD3310P < U 
Te) ie 
00 PD 
oO} 
| CODE CONVERTER aed 
TIMING CONTROLLER PD/DTMF 
F 
OUTPUT mii 
DTMF HIGH GROUP DTMF LOW GROUP 
COUNTER/CONTROLLER COUNTER/CONTROLLER 
MAIN | ADDRESS pales 
REGISTER | DECODING | conTROLLER VOLTAGE 
REF. Vpob 
OUTPUT 
V 
TEMPORARY Ss 


REGISTER 


TONE 
INPUT RESET 


TIME BASE 
RESET DELAY 
COUNTER 


KEYPAD CONTROL 
INTERFACE/LOGIC LOGIC 


OSCILLA- 
TOR 


‘Se eee eee —_- 
row4a | row2 | COL1 | COL3 | «. “Syeaedeo 
ROWS  ROW3 ROW1  COL2 COL4 FLD CF M1 CE Osc! Osco 


Fig. 1 Block diagram; PCD3310P. 


CMOS pulse and DTMF dialer with redial | PCD3310P 


PINNING 
1 OSCI oscillator input 
2  PD/DTMF _ select pin; pulse or DTMF 
dialling 
3 TONE single or dual tone frequency output 
4  Vss negative supply 
5 FLD flash duration control input/output 
PCD3310P 6 ROW5 
7 ROW4 
8 ROW 3 scanning row keyboard input/outputs 
9 ROW2 
10 ROW1 
11. COL1 
ETTVey 12 COL2 sense column keyboard inputs 
13. COL3 with internal pull-ups 
Fig. 2 Pinning diagram; PCD3310P. i. SOC 
= 15 CF 330 Hz confidence tone output to 
- provide audible feedback of key 
I entries 
= 16 DP/FLO dialling pulse and flash output 
c 17 M1 muting output 
77 18 CE chip enable input 
mf 19 Vpp positive supply 
20 OSCO oscillator output 
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PCD3310T 


OUTPUT 


MAIN ADDRESS 
REGISTER | DECODING 


OUTPUT 


TEMPORARY 


REGISTER 


; INPUT 


KEYPAD 
INTERFACE/LOGIC 


ROW 4 ROW 2 COL1 COL3 
ROW 5 ROW 3 ROW 1 COL 2 


Note: Pins 4, 6, 7, 11, 18 and 25 are not connected. 


COUNTER 
POINTER 
CONTROLLER 


READ/ 
WRITE 


21 


PD & FLASH LOGIC 


(tae 


PD 


CODE CONVERTER 
TIMING CONTROLLER 


DTMF 


DTMF HIGH GROUP 
COUNTER/CONTROLLER 


DTMF LOW GROUP 
COUNTER/CONTROLLER 


VOLTAGE 


REF. 


CONTROL TIME BASE OSCILLA- 
ee RESET DELAY sags 
COUNTER 


5555 Me 1 Yee 


COL4 FLD CF M1 M1 M2 CE OSCI Osco 


Fig. 3 Block diagram; PCD3310T. 


DP/FLO 


PD/DTMF 


TONE 


7Z280884.1 
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CMOS pulse and DTMF dialer with redial PCD3310T 


PINNING 
1 OSCI oscillator input 
2  PD/DTMF _ select pin; pulse or DTMF 
dialling 
3 TONE single or dual tone frequency output 
4 nee. not connected 
5 Vss negative supply 
6 nc. not connected 
7 ne. not connected 
Seb aasai 8 FLD flash duration control input/output 
9 ROW5 
10 ROW 4 | scanning row keyboard input/outputs 
11 n.c. not connected 
12 ROW3 | 
13 ROW2 ; scanning row keyboard input/outputs 
14 ROW1 | 
: ee, sense column keyboard inputs 
a i ee | with internal pull-ups 
5 7Z80592.1 7 COL 3 
= 18 ne. not connected 
rs Fig. 4 Pinning diagram for PCD3310T. 19 COL4 sense column keyboard input 
Ty with internal pull-up 
if 20 CF 330 Hz confidence tone output to 
a provide audible feedback of key 
entries 
21 DP/FLO dialling pulse and flash output 
22 M2 strobe; active HIGH during transmission 
23. M1 inverted mute output 
24 M1 muting output 
25 n.e. not connected 
26 CE chip enable input 
27 Vpp positive supply 
28 OSCO oscillator output 


December 1985 133 


PCD3310 


FUNCTIONAL DESCRIPTION 

Power supply (Vpp; Vss) 

The positive supply of the circuit (Vpp) must meet the voltage requirements as indicated in the 
characteristics. 

To avoid undefined states of the device when powered-on, an internal reset circuit clears the control 
logic and counters. 

If Vpp drops below the minimum standby supply voltage of 1,8 V the power-on-reset circuit inhibits 
redialling after hook-off. 

The power-on-reset signal has the highest priority it blocks and resets the complete circuit without delay 
regardless of the state of chip enable input (CE). 


Clock oscillator (OSC!I, OSCO) 


The time base for the PCD3310 for both PD and DTMF modes is a crystal controlled on-chip oscillator 
which is completed by connecting a 3,58 MHz crystal between the OSCI and OSCO pins. 


Chip Enable (CE) 
The CE input enables the circuit and is used to initialize the IC. 


CE = LOW provides the static standby condition. In this state the clock oscillator is disabled, all 
registers and logic are reset with the exception of the Write Address Counter (WAC) and Temporary 
Write Address Counter (TWAC) which point to the last entered digit (see Fig. 7). The keyboard input 
is inhibited, but data previously entered is saved in the redial register as long as Vpp is higher than 
VDDO(min)- 

The current drawn is |ppo (standby current) and serves to retain data in the redial register during 
hook-on 


CE = HIGH activates the clock oscillator and the circuit changes from static standby condition to the 
conversation mode. The current consumption is Ipnpc until the first digit is entered from the keyboard. 
Then a dialling or redialling operation starts. The operating current is ppp if in the pulse dialling mode 
or lppr if the DTMF dialling mode is selected. 


, 


If the CE input is taken to a LOW level for more than time t,g (see Fig. 11a, Fig. 11b and timing data) 
an internal reset pulse will be generated at the end of the t,g period. The system changes to the static 
standby state. Short CE pulses of < tg will not affect the operation of the circuit and reset pulses 

are not produced. 


Mode selection (PD/DTMF) 
PD mode 


If PD/DTMF = Vss the pulse mode is selected. Entries of non-numeric keys are neglected, they are 
neither stored in the redial register nor transmitted. . 


DTMF mode 


If PD/DTMF = Vpp the dual tone multi-frequency dialling mode is selected. Each non-function 
pushbutton activated corresponds to a combination of two tones, each one out of four possible LOW 
and HIGH group frequencies. The frequencies are transmitted with a constant amplitude, regardless of 
power supply variations, and filtered off harmonic content to fulfil the CEPT CS 203 recommendations. 


The transmission time is calibrated for redial. In manual operation the duration of bursts and pauses is 
the actual pushbutton depress time, but not less than the minimum transmission time (t~) or minimum 
pause time (ty). 
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Mixed mode 


When the PD/DTMF pin is open-circuit the mixed mode is selected. After activation of CE or FL 
(flash) the circuit starts as a pulse dialler and remains in this state until a non-numeric (A, B, C, D, *, #) 
or the “>” key is activated. Then the circuit changes over to DTMF dialling and remains there until FL 
is activated or, after a static standby condition, CE is re-activated. 


A connection between PD/DTMF pin and Vpp also initiates DTMF dialling. Chip enable, FL ora 
connection of PD/DTMF pin to Vgs sets the circuit back to pulse dialling. 


Keyboard inputs/outputs 

The sense column inputs COL 1 to COL 4 and the scanning row outputs ROW 1 to ROW 5 of the 
PCD3310 are directly connected to the keyboard as shown in Fig. 5. 

All keyboard entries are debounced on both the leading and trailing edges for approximately time tg 
as shown in Fig. 11. Each entry is tested for validity. 

When a pushbutton is pressed, keyboard scanning starts and only returns to the sense mode after 
release of the pushbutton. 


ROWS COLUMNS 


DEVELOPMENT DATA 


7280885 KEYBOARD 


Fig. 5 Keyboard organization. 


Row 5 of the keyboard contains the following special function keys: 


ep memory clear and programming (notepad) 

@ FL flash or register recall 

@ RF © redial 

@ > change of dial mode from PD to DTMF in mixed dialling mode 


In pulse dialling mode the valid keys are the 10 numeric pushbuttons (0 to 9). The non-numeric keys 
(A, B, C, D, *, #) have no effect on the dialling or the redial storage. Valid function keys are P, FLand R. 


In DTMF mode all non-function keys are valid. They are transmitted as a dual tone combination and 
at the same time stored in the redial register. Valid function keys are P, FL and R. 


In mixed mode all key entries are valid and executed accordingly. 
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FUNCTIONAL DESCRIPTION (continued) 


Flash duration control (FLD) 

Flash (or register recall) is activated by the FL key and can be used in DTMF and pulse dialling mode. 
Pressing the FL pushbutton will produce a timed line-break of 100 ms (min.) at the DP/FLO output. 
During the conversation mode this flash pulse entry will act as a chip enable. This flash pulse duration 
(te, ) is calibrated and can be prolonged with an external resistor and capacitor connected to the FLD 
input/output (see Fig. 6). 

The flash pulse resets the read address counter (RAC). Later redial is possible (see redial procedure with 
the ‘‘Flash’”’ inserted telephone number). The counter of the reset delay time is held during the period 
of tF,. 


100 
nA R 


peices ae 
FLD | 
FLO Le SIELRGe 


Where: tFLRC =R.C 


7280886 
(a) (b) 


Fig. 6 Flash pulse duration setting. 


TONE output (DTMF mode) 


The single and dual tones which are provided at the TONE output are filtered by an on-chip switched- 
capacitor filter, followed by an on-chip active RC low-pass filter. 
Therefore, the total harmonic distortion of the DTMFE tones fulfils the CEPT CS 203 recommendations. 
An on-chip reference voltage provides output-tone levels independent of the supply voltage. Table 1 

_ shows the frequency tolerance of the output tones for DTMF signalling. 


Table 1 Frequency tolerance of the output tones for DTMF signalling 


row/ standard tone output frequency deviation 
column frequency frequency 
Hz Hz (1) 


(1) Tone output frequency when using a 3,579 545 MHz crystal. 


136 December 1985 


CMOS pulse and DTMF dialler with redial PCD3310 


When the DTMF mode is selected output tones are timed in manual dialling with a minimum duration 
of bursts and pauses, and in redial with a calibrated timing. Single tones may be generated for test 
purposes (CE = HIGH). Each row and column has one corresponding frequency. High group frequencies 
are generated by connecting the column to Vss. Low group frequencies are generated by forcing the 
row to Vpp. The single tone frequency will be transmitted during activation time, but it is neither 
calibrated nor stored. 


Dial pulse and flash output (DP/F LO) 


This is a combined output which provides control signals for proper timing in pulse dialling or for a 
calibrated break in both dialling modes (flash or register recall). 


Mute output (M1) 


During pulse dialling the mute output becomes active HIGH for the period of the inter-digit pause, 
break time and make time. It remains at this level until the last digit is pulsed out. 


During DTMF dialling the mute output becomes active HIGH for the period of tone transmission and 
remains at this level until the end of hold-over time. It is also active HIGH during flash and flash 
hold-over time. 


Mute output (M1) 
Inverted output of M1. In the PCD3310P it is only available as a bonding option of M1. 


Strobe output (M2) 


Active HIGH output during actual dialling; i.e. during break or make time in pulse dialling, or during 
tone ON/OFF in DTMF dialling. 


Confidence tone output (CF) 


When any of the keys are activated a square-wave is generated and appears at this output to serve 
as an acoustic feedback for the user. 


DEVELOPMENT DATA 
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DIALLING PROCEDURES (see also Figs 8, 9 and 10) 

Dialling 

After CE has risen toVpp the oscillator starts running and the Read Address Counter (RAC) is set to 
the first address (see Fig. 7). By entering the first valid digit, the Temporary Write Address Counter 
(TWAC) will be set to the first address, the decoded digit will be stored in the register and the TWAC 
incremented to the next address. Any subsequent keyboard entry will be decoded and stored in the 
redial register after validation. The first 5 valid entries have no effect on the main register and its 
associated write address counter. After the sixth valid digit is entered TWAC indicates an overflow 
condition. The data from the temporary register will be copied into the 5 least significant places of 
the main register and TWAC into the WAC. All following digits (including the sixth digit) will be stored 
in the main register (a total of not more than 23). If more than 23 digits are entered redial will be 
inhibited. If not more than 5 digits are entered only the temporary register and the associated TWAC 
are affected. All entries are debounced on both the leading and trailing edges for at least time te as 
shown in Fig. 11. Each entry is tested for validity before being deposited in the redial register. 


@ In DTMF mode all non-function keys are valid 
@ In PD mode only numeric Keys are valid 


Simultaneous to their acceptance and corresponding to the selected mode (PD, DTMF or mixed), the 
entries are transmitted as PD pulse-trains or as DTMF frequencies in accordance with postal requirements. 
Non-numeric entries are neglected during pulse dialling, they are neither stored nor transmitted. 


Redialling 
After CE has risen to Vpp the oscillator starts running and the Read Address Counter (RAC) is set to 
the first address to be sent. The PCD3310 is in the conversation mode. 


If ‘‘R’’ is the first keyboard entry the circuit starts redialling the contents of the temporary register. 
If the overflow flag of the TWAC was set in the previous dialling, the redialling continues in the main 
register. If the flag was not set, the number residing in the temporary register will only be redialled 
until the temporary read and write registers are equal. 


Before pressing ‘‘R’’ a dialling sequence with up to 4 digits is possible. If the digits are equal to the 
corresponding ones in the main register, then redial starts in the main register until the last digit stored 
is transmitted. 


Timing in the DTMF mode is calibrated for both tone bursts and pauses. 
In mixed mode only the first part entered (the pulse dialled part of the stored number ) can be redialled. 


During redial keyboard entries (function or non-function) are not accepted until the circuit returns to 
the conversation mode after completion of redialling. 


No redial activity takes place if one of the following events occur: 


@ Power-on reset 
@ Memory clear (““P’’ without successive data entry) 
@ Memory overflow (more than 23 valid data entries) 
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Notepad 

The redial register can also be used as a notepad. In conversation mode a number with up to 23 digits 
can be entered and stored for redialling. By activating the program key (P) the WAC and TWAC 
pointers are reset. This acts like a memory clear (redial is inhibited). Afterwards, by entering and 
storing any digits, redialling will be possible after flash or hook on and off. 


During notepad programming the numbers entered will neither be transmitted nor is the mute active, 
only the confidence tone is generated. 


23 

addressed through 
pointers WorR 6 

5 5 

4 4 

addressed through 

3 temporary pointers < 3 

2 WorR 9 

1 1 

MAIN REGISTER TEMPORARY REGISTER 


DEVELOPMENT DATA 


: temporary write address 
write address counter (WAC) ae: CrWAC) f 
read address counter (RAC) 


7Z80887.1 ADDRESS COUNTER TEMPORARY ADDRESS COUNTER 


Fig. 7 Program memory map. 


December 1985 139 


PCD3310 


DIALLING PUBLIC EXCHANGE 
PROCEDURES 
DIAL REDIAL 
(continued) 
| OFF-HOOK OFF - HOOK 


. conversation 
key -in 


S 23 digits key—in R mode 
46275 30 
im 
standby 
4627530 mode 
| on-HooK 
—_> 
| | | pulse or 
tone out 


ON —- HOOK 


PABX 


if internal number < 5 digits 


DIAL external number 
|  OFF-HOOK 


key — in 


DIAL internal number 


OFF -— HOOK 


REDIAL external number (1) 


OFF —-HOOK 


| key —in key -in 
| ACCESS DIGIT(S) | same previous internal number 
0 ACCESS DIGIT(S) < 5 digits 


wait for @ 


: wait for 
access tone & 


access tone Sey 


key—in ) | 
external number key —in R ON —- HOOK 
4627530 eis = 25 


external number 
4627530 


ON - HOOK 


REDIAL internal number 


OFF ~- HOOK 


internal number |, 
12345 


ON - HOOK 


ON - HOOK 


(1) If [access digit(s) + external number] < 23 digits. 


Fig.8 PD or DTMF dialling mode. 7Z80888.3 
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DIAL 


OFF - HOOK 


<< set in pulse dialling 


key -in 


pulse out 
4627530 


pulse dialling 


wait for signal 
(or any voice indication) 


automatic switch to DTMF or manual by 
*1234567 
B9ABCD# 
ON - HOOK 


REDIAL 


OFF - HOOK 


4627530 
if total 
(PD + DTMF) 
< 23 digits 


ON - HOOK 


7Z80889.1 


DTMF dialling TONE —out 


pulse dialling 


DEVELOPMENT DATA 


pulse out 


Fig. 9 PD/DTMF mixed mode dialling. 
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DIALLING PROCEDURES (continued) 


NOTE PAD PROGRAM 


OFF -—- HOOK 


key —in 
4627530 


key -in 
355 4499 
< 23 digits 


no dialling - no muting 


ON - HOOK 


MEMORY CLEAR 


OFF - HOOK 


key —in 
~ 4627530 


key—in P 


ON - HOOK 


OFF - HOOK 


key-in R 


NOTE PAD REDIAL 


OFF - HOOK 


355 4499 


ON - HOOK 


FLASH 


OFF - HOOK 


key -in 
ACCESS DIGIT(S) 
0 ‘ 


no 
redialling 


wait for 
access tone 


key —in 
external number 
4627530 


key -in FL 


wait for 
access tone 


REDIAL 
(see PABX procedure) 


key —in 
internal number 
12345 


7Z80890.1 


Fig. 10 Notepad, memory clear, flash; independent of dialling mode. 
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CMOS pulse and DTMF dialler with redial PCD3310 


TIMING 


KEYBOARD 
ENTRY are eS 


M1 


M2 


<q 

- DP/FLO 

QA 

_ 

a 

Lu 

= 

QO. 

© 

= 

S DIALLING MODE | ——————————> 

ra CONVERSATION CONVERSATION STATIC 

MODE MODE STANDBY 
(await dialling tone) MODE 
DIMF ———— — — — — — — — — 
7280891.1 


Fig. 11a Timing diagram for dialling mode defined by PD/DTMF selection pin; pulse dialling 
(PD/DTMF = Vss). 
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TIMING (continued) 


| trd | 
CE 
<tp 
. (no effect) 
Ba ion 
KEYBOARD reais age 
1 
ENTRY ' 2 3 F 
* I le le 
~ << a > rca 
M1 


th_5| th | ‘fh | 


M2 


DTMF 


fet Sh 
DP/FLO | | 
7Z80892.1 


Fig. 11b Timing diagram for dialling mode defined by PD/DTMEF selection pin; DTMF dialling 
(PD/DTMF = Vpp). 


KEYBOARD 
ENTRY e * 2 
t t t t t 
DP/FLO 
~<— tig 
DTMF 


M1 


— PD/DTMF | i i ee 


pulse dialling DTMF dialling 7Z280893.1 


Fig. 11¢. Timing diagram for dialling mode defined by PD/DTME selection pin; mixed mode 
(PD/DTMF open-circuit). 


144 May 1986 


CMOS pulse and DTMF dialler with redial PCD3310 


Se ae ee re ee ~ 
KEYBOARD 
ENTRY 0 et pee ee 
e. i 'e, ~ ‘ey - 

ME... -. -oh CaCO, oe. ee ee 

DIAL TONE ————_AAAA ————————  j]> emo c“«sMAccccccce------ 
th 

<> Telephone number ----—-— 

DTMF ~~) \AAANL——<(—S—C AAA Nt—t—.— 7. VAAN” a nr 


7280894 


Fig. 12 Timing diagram showing REDIAL where PABX access digits are the first keyboard entries; 


: DTMF dialling with PD/DTMF = Vpp. 

Q 

= 

& RATINGS 

= Limiting values in accordance with the Absolute Maximum System (IEC 134) 

a Supply voltage range VDD —0,8 to8 V 

rf Supply current IDp max. 50 mA 

Q D.C. current into any input or output +Iyj,+1IQ max. 10 mA 
All input voltages Vy} —0,8 V to Vpp + 0,8 V 
Total power dissipation Prot max. 300 mW 
Power dissipation per output Po max. 50 mW 
Storage temperature range T stg —65 to+ 150 OC 
Operating ambient temperature range Tamb —25to +70 9C 
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CHARACTERISTICS 


Vpp =3 V; Vss = 0 V; crystal parameters: fogg = 3,579545 MHz; Rg = 100 2 max.; 
Tamb = —25 to + 70 °C; unless otherwise specified 


es ee Ce 


Supply 
Operating supply voltage 
Standby supply voltage 


Operating supply current 
conversation mode (oscillator ON) 


pulse dialling or flash 
DTMF dialling (tone ON) 
DTMF dialling (tone OF F) 


Standby supply current 
(oscillator OFF; note 1) 
at Vpp = 1,8 V; Tamb = 25 PC 


INPUTS | 
Input voltage LOW (any pin) 
Input voltage HIGH (any pin) 
Input 'eakage current; CE 


Keyboard inputs 
Keyboard ON current 
Keyboard OFF current 


OUTPUTS 


Output sink current 
at Vo_ = Vss t+ 0,5 V 


M1, M1, M2, DP/FLO, CF, FLD 
PD/DTMF (note 2) 


Output source current 
at VoH = Vpp —9,5 V 


M1, M1, M2, DP/FLO, CF 
PD/DTMF (note 2) 
FLD (note 3) 


TIMING AND FREQUENCY 
Clock start-up time 
Debounce time 


Reset delay time 


Confidence tone frequency 
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DEVELOPMENT DATA 


CMOS pulse and DTMF dialler with redial 


PCD3310 


TONE output (see Fig. 13) 
at Vpp = 2,5 to6 V 


DTMF output voltage levels 
(r.m.s. value) 
HIGH group VHG(rms) 
LOW group VLG(rms) 
Frequency deviation Af/f 
D.C. voltage level Voc 
Output impedance IZo| 
Pre-emphasis of group AVG 


Total harmonic distortion 
at Tamb = 25 OC (note 4) THD 


Transmission and pause time 

Manual! dialling tt, th 
Redialling tt ty 
Flash pulse duration tel 
Flash hold-over time tflh 


Hold-over time (muting on M1) 


Pulse dialling (PD) 
Dialling pulse frequency 
Inter-digit pause 

Break time (note 5) 
Make time (note 5) 


Notes to the characteristics 


1. Crystal connected between OSC! and OSCO; CE at Vs and all other pins open-circuit. 


2. <|10 mA| dynamic current to set/reset PD/DTMF pin (mixed mode). 

3. Flash inactive; Voy = Vss. 

4. Related to the level of the LOW group frequency component (CEPT CS 203). 
5. Mark-to-space ratio 2 : 1. 


PCD3310 


72Z80895.1 


Fig. 13 Tone output test circuit. 
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jZ| <450 ; symmetrical low-impedance inputs for dynamic and magnetic microphones (TEA1060) "U 
APPLICATION INFORMATION 1 : i { e if @) 
|Z;|>450 pl | ( ) | asymmetrical high-impedance inputs for electret microphones (TEA1061) iw) 
O O O (ge) 
Me (¢e) 
f ios ok 
‘oO 
| R ss © 
{ 13 
| 
t— . 
— 10 pF 
= 
ss ee 1 | c14 
sit ==2.2uF 
1 redial 
= 


C13 Y 


1% aii 
de capacitor 
100k} 2,2 uF 10nF 


C7 


BAV10 


100k2 


a/b 4xBAS11 7 ]a}eltc| 

Le @ pooeo 
line 4 pp {FLj rR | >| 
b/a PCD3310P 


: 
een ae a 


470kN 


eL) TOKE 
BC547 BZX79/C10 
i) ge 10 PD/DTMF 
Aha, kn MQ select pin 
7Z80896.1 . 


(1) Automatic line compensation obtained by connecting R6 to Vss. | 
(2) The value of resistor R14 is determined by the required level at LN and the DTMF gain of the TEA1060. 
Fig. 14 Application diagram of the full electronic basic telephone set. 


DEVELOPMENT DATA 


This data sheet contains advance information and 


PCD3311 
PCD3312 


specifications are subject to change without notice. 


DTMF/MODEM/MUSICAL-TONE GENERATORS 


GENERAL DESCRIPTION 


The PCD3311 and PCD3312 are single-chip silicon gate CMOS integrated circuits. They are intended 
to provide dual-tone multi-frequency (DTMF) combinations required for tone dialling systems in 
telephone sets which contain a microcontroiler for the control functions. 


The various audio output frequencies are generated from an on-chip 3,58 MHz quartz crystal-con- 
trolled oscillator. 


The devices can interface directly to all standard microcontrollers by accepting a binary-coded parallel 
input or serial data input (17C bus). 


With their on-chip voltage reference the PCD3311 and PCD3312 provide constant output amplitudes 
which are independent of the operating supply voltage and ambient temperature. 


An on-chip filtering system assures a very low total harmonic distortion in accordance with the CEPT 
CS 203 recommendations. 


In addition to the standard DTMF frequencies the devices provide 12 MODEM frequencies (300 to 
1200 bits per second) used in simplex MODEM applications and two octaves of musical scale in steps 
of semitones. 


Features 


® Stabilized output voltage level 

@ Low output distortion with on-chip filtering (CEPT CS 203 compatible) 
@ Latched inputs for data bus applications 

@ |?C bus compatible 

Mode select input (selection of parallel or serial data input) 

MODEM and melody tone generators 


QUICK REFERENCE DATA 
parameter symbol min. typ. max. unit 


Operating supply voltage VDD 2,5 — 6,0 yo 


Operating supply current lpp _ — 1,2 mA 
Static standby current IDDpO — a 3 LA 
DTMF output voltage level 

(r.m.s. values) 

HIGH group V HG(rms) 158 192 | 205 mV 

LOW group VLG(rms) 125 150 160 mV 
Pre-emphasis of group AVG 1,85 2,10 2,35 dB 
Total harmonic distortion THD -- —25 — dB 
Operating ambient temperature range Tamb —25 = +70 oC 


PACKAGE OUTLINES 


PCD3311P: 14-lead DIL; plastic (SOT-27KE). 

PCD3311T: 16-lead mini-pack; plastic (SO-16L; SOT-162A). 
PCD3312P: 8-lead DIL; plastic (SOT-97AE). 

PCD3312T: 8-lead mini-pack; plastic (SO-8L; SOT-176). 
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PCD3311 
PCD3312 


Osc Osco Vop Vss 


14(2) 13(1) 


CLOCK 
OSCILLATOR GENERATOR ss i aaa (aca 
| l 


MODE 


D 
4 SWITCHED - 
< RESISTOR 
D3 ores CArACITOn eae eae 6(5) | TONE 
SELECTION BANDGAP 
Do LOW-PASS LOW-PASS 
(ROM) VOLTAGE 
D,/SDA |9(8) FILTER FILTER 
Do/SCL 8(7) 


STROBE [5 


PCD3311 
tone generator ‘LOW group’ PCD3312 


7287673 


Fig. 1 Block diagram; the pin numbers in parenthesis refer to the PCD3312. 


PINNING 
1 OSCI oscillator input 
2 OSCO oscillator output 
3 MODE mode select input; used for 
Osc! Vpp the selection between serial 
mode (MODE = LOW) and parallel 
Osco Vss mode (MODE = HIGH) 
MODE Dy 4 D5 parallel data input* 
5 STROBE strobe input; used for the 
Ds [4] pcp3311 [11] 93 loading of data in the parallel mode 
strose (5 | Dy 6 TONE frequency output for single 
or dual tones 
TONE | 6| [9 | Dy/SDA 7 Ag slave address input in the serial 
mode; must be connected to 
Ag | 8 | Do/SCL Vance 
7287674 8 Do/SCL parallel data input* 
Fig. 2 Pinning diagram i: or serial clock line (1?C bus) 
for the PCD3311. ‘9  Do/SDA parallel data input* 
or serial data line (17C) bus) 
10 D9 
11 D3 parallel data inputs* 
12 Dg 
13. Vss negative supply 
14 Vpp positive supply 


* MODE = HIGH. 
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DTMF/MODEM/musical-tone generators PCD3311 


PCD3312 
PINNING 
1 Vss negative supply 
2 Vpp positive supply 
3. OSCI oscillator input 
4 OSco oscillator output 
5 TONE frequency output for single 
or dual tones 
6 Ag slave address input in the 
7787675 serial mode; must be connected 
to Vpp or Vss 
Fig. 3 Pinning diagram 7 SCL serial clock line (I?C bus) 
for the PCD3312. 8 SDA serial data line (I7C bus) 


FUNCTIONAL DESCRIPTION 
Clock/oscillator (OSCI and OSCO) 


The timebase for the PCD3311 and PCD3312 is a crystal-controlled oscillator with a 3,58 MHz quartz 
crystal connected between OSCI and OSCO. Alternatively, the OSCI input can be driven from an 
external clock. 


Mode select (MODE) 


This input selects the data input mode. When connected to Vpp, data can be received in the parallel 
mode (only for the PCD3311), or, when connected to Vssg or left open, data can be received via the 
serial I7C bus (for both PCD3311 and PCD3312). 


Parallel mode can only be obtained for the PCD3311 by setting MODE input HIGH. 


Data inputs (Dg, D7, Do, D3, D4 and Ds) 

Inputs Dg and Dy have no internal pull-down or pull-up resistors and must not be left open in any 
application. Inputs D9 to Ds have internal pull-down. Ds and Dg are used to select between DTMF 
dual, DTMF single, MODEM and melody tones (see Table 1). D3 to Dg select the combination of the 
tones for DTMF or single-tone itself. 


DEVELOPMENT DATA 


Table 1 Ds and Dg in accordance with the selected application 


application 


DTMEF single tones; standby; melody tones 
DTMF dual tones (all 16 combinations) 
MODEM tones; standby; melody tones 
melody tones 


= = © © 


1 = H = HIGH voltage level 
0 = L = LOW voltage level 


Note: Tables 2, 3, 4 and 5 show all input codes and their corresponding output frequencies. 
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PCD3312 


FUNCTIONAL DESCRIPTION (continued) 

Strobe input (STROBE, only for the PCD3311) 

This input (with internal pull-down) allows the loading of parallel data into Dg to D5 when MODE 
is HIGH. | | 


The data inputs must be stable preceeding the positive-going edge of the strobe pulse (active HIGH). 
Input data are loaded at the negative-going edge of the strobe pulse and then the corresponding tone 
(or standby mode) is provided at the TONE output. The output remains unchanged until the negative- 
going edge of the next STROBE pulse (for new data) is received. 


Serial mode can only be obtained for the PCD3311 by setting MODE input LOW. 


|_| 'sTR 
90 % 
10 % 


tpos> >| j<—tpy 


YA WA ZA tT 
\Yf CA IGAND 
"Yip, UA LAND 
UI UD UDA UUM 
"Wp Vila UU NZ 


>Wp WD UD LD 
oe: = 2 7 tone (ON) 


oscillator OFF oscillator ON 
no output tone 


STROBE 


oscillator ON 
output tones 


7Z287676.1 


Fig. 4 Timing diagram showing control possibilities of the oscillator and the TONE output (e.g. 
770 Hz + 1477 Hz) in the parallel mode (MODE = HIGH). 


Serial clock and data inputs (SCL and SDA) 


SCL and SDA are combined with Dg and Dj respectively. For the PCD3311 the selection of SCL and 
SDA is controlled by the MODE input. SCL and SDA are serial clock and data lines according to the 
I?C bus specification (see “CHARACTERISTICS OF THE I?C BUS”). Both inputs must be pulled-up 
externally to Vpp. 


Address input (Ag) 


Ag is the slave address input and it identifies the device when up to two PCD3311 or PCD3312 devices 
are connected to the same |*C bus. In any case Ag must be connected to Vpp or Vss. 
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DTMF/MODEM/musical-tone generators PCD3 311 
PCD3312 


‘PC bus data configuration (see Fig. 5) 
The PCD3311 and PCD3312 are always slave receivers in the I?C bus configuration (R/W bit = 0). 


The slave address consists of 7 bits in the serial mode for the PCD3311 as well as for the PCD3312, 
where the least significant bit is selectable by hardware on input Ag and the other more significant 
bits are internally fixed. In the serial mode the same input codes are used as in the parallel mode (see 
Tables 2, 3, 4, and 5). Dg and D7 are don’t care (X) bits. 


acknowledge acknowledge 
from slave from i. 
MSB RW | 


Pee O00. 0 Ao 0} A| x X D5 D4 D3 D2 D1 DO} A | P | 
VY 


ane anann enn A 
slave address data internal STROBE 
7287677.1 for data latching 


Fig. 5 I?C bus data format. 


Tone output (TONE) 


The single and the dual tones which are provided at the TONE output are filtered by an on-chip 
switched-capacitor filter, followed by an active RC low-pass filter. Therefore, the total harmonic distor- 
tion of the DTMF tones fulfils the CEPT CS 203 recommendations. An on-chip reference voltage 
provides output-tone levels independent of the supply voltage. Table 3 shows the frequency tolerance 
of the output tones for DTMF signalling; Tables 4 and 5 for the modem and melody tones. 


Power-on reset 


In order to avoid undefined states of the devices when the power is switched ON, an internal reset cir- 
cuit sets them to the standby mode (oscillator OFF). 


DEVELOPMENT DATA 


Table 2 Input data for control (no output tone; TONE at Vpp) 


oscillator 


=~=00 


1 = H = HIGH voltage level 
O=L = LOW voltage level 
X= don’t care 
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FUNCTIONAL DESCRIPTION (continued) 


Table 3 res data for DTMF 


2POCCCDDDOCOOC ODOC COO OOCOOCC OD 
ee ee Oe ee ee ee en ooo on ol =) 
Se ee ooo o lol ol ol ol ee a a ee ee 
Bm AnrQODODOB2 BUA DDO OBAMA HOO 00 
]=3900=2-00--00-=00-==00-=00 
=O=O0-0-0-0=0-0-0=0-0-0=0 


D5 


= 2 2 2 = = = = OOOO 


_—= = 2 == OO OOO -~ = = = 
—-=-00--00--00 
-o-OoO-070-0—-0 


0 
0 
0 
0 
0 
0 
0 
0 
0 
0 
0 
0 


emi eh est ami at a ooh att oct =) wd == 


standard 
~ frequency 


941+1336 
697+1209 
697+1336 
697+1477 
770+1209 
770+1336 
770+1477 
852+1209 
852+1336 
852+1477 
697+1633 
770+1633 
852+1633 
941+1633 
941+1209 
941+1477 


0 
1 

2 
3 
4 
5 
6 
7 
8 
9 
A 
B 
C 
D 


+b 


standard 
frequency 


1296,94 


2103,14 
1197,17 
2192,01 
978,82 

1179,03 
1073,33 
1265,30 
1655,66 
1852,77 
2021,20 
2223,32 


** Tone output frequency when using a 3,579 545 MHz crystal. 


1 = H = HIGH voltage level 
- 0=L= LOW voltage level 
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tone frequency 
output deviation 
freq. 


Hz** 


697,90 
770,46 
850,45 
943,23 
1206,45 
1341,66 
1482,21 
1638,24 


frequency 
deviation 


remarks 


V.23 
Bell 202 
v.21 
Bell 103 
v.21 


Bell 103 


DTMF/MODEM/musical-tone generator 


PCD3311 
PCD3312 


Table 5 Input data for melody tones 


} meeps - - 


tone 
output 
frequency 
Hz** 


standard 
frequency 


Hz* 


622.5 
659.5 
697,9 
7411 
782,1 


DEVELOPMENT DATA 
COHOCOOHAsaBmemnmmnrswinnr in QDd0DDDCCO 


=— SS eee OOOO OO COO lc wBm Lc BV hlULw BMV hLUw RB LCOO OO CO 
== =-$9O000-0-=00-0-=00-=00-—-400 
=O] ]3=0-000=0==0=0-=0=-0-=00 


1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
0 
1 
1 
1 
0 
1 
0 
1 
0 
0 
0 
0 
0 
0 


Oo} 00 = = = O mm = = = - oo a = 2 2 A or oo 


* Standard scale based on A4 = 440 Hz. 
** Tone output frequency when using a 3,579 545 MHz crystal. 


1 = H = HIGH voltage level 
O= L = LOW voltage level 


March 1984 155 


PCD3311 
PCD3312. 


CHARACTERISTICS OF THE PC BUS 


The I?C bus is for 2-way, 2-line communication between different ICs or modules. The two lines are 

a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply 
via a pull-up resistor when connected to the eutput stages of a device. Data transfer may be initiated 
only wen the bus is not busy, — : 


Bit transfer | 


One data bit is transferred during each clock pulse. The data on the SDA line must remain stable 
during the HIGH period of the clock pulse as changes in the data line at this time will be interpreted 
as control signals. 


soft ASR SA, 
arimamaaiarn : 


7287019 


. data line change 
stable: of data 
data valid | allowed 


| 
| 
Mites, 
| 
{ 
| 
| 


| | 
| | 
| | 
| | 
i | 
| | 
u | 
| | 


Fig. 6 Bit vr .nsfer. 


Start and stop conditions 


Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to-LOW transition of the 
data line, while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH is defined as the stop condition (P). 


en . ; 

ofall | | nes | eee 

SDA _e | / \ i SDA 

| | | 

SCL Me | \ / \ / SCL 
| Ss | | P 


Loses f 4 a 4 ask : Le, ee sore ore wel 


ss : ws , ndition 
start condition stop conditio 7287005 


Fig. 7 Definition of start and stop conditions. 


System configuration 


A device generating a message is a “’transmitter’’, a device receiving a message is the ‘‘receiver’’. The 
device that controls the message is the ‘‘master’’ and the devices which are controlled by the master 
are the “’slaves”’. 
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PCD3312 


SDA 
SCL 


MASTER MASTER 
SLAVE T 
TRANSMITTER / RECEIVER TRANSMITTER/ eae TRANSMITTER/ 
RECEIVER RECEIVER RECEIVER 


7Z87004 


Fig. 8 System configuration. 


Acknowledge 


The number of data bytes transferred between the start and stop conditions from transmitter to 

receiver is not limited. Each byte of eight bits is followed by one acknowledge bit. The acknowledge 

bit isa HIGH level put on the bus by the transmitter whereas the master generates an extra acknowledge 
related clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception 
of each byte. Also a master must generate an acknowledge after the reception of each byte that has 
been clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line 
during the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of 

the acknowledge related clock pulse, set-up and hold times must be taken into account. A master 
receiver must signal an end of data to the transmitter by not generating an acknowledge on the last 

byte that has been clocked out of the slave. In this event the transmitter must leave the data line HIGH 
to enable the master to generate a stop condition. 


start - clock pulse for 
condition acknowledgement 


SCL FROM I 
DATA DUTPUT ~ 
BY TRANSMITTER : 
DATA OUTPUT : “a 
BY RECEIVER 


7287007 


Fig. 9 Acknowledgement on the I?C bus. 
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CHARACTERISTICS OF THE I?C BUS (continued) 

Timing specifications | 
Within the I?C bus specifications a high-speed mode and a low-speed mode are defined. The ICs operate 
in both modes and the timing requirements are as follows: 

High-speed mode 


Masters generate a bus clock with a maximum frequency of 100 kHz. Detailed timing is shown in Fig. 10. 


: a a, 
| | a tgurF—> oem 
SCL 
SDA 
7287013 'SU;STA 'su;STO 
Fig. 10 Timing of the high-speed mode. 
Where: 
tBUF t= tLOWmin The minimum time the bus must be free before a new 
transmission can start 

tHD: STA t 2 tuiGHmin Start condition hold time 
tLoOWmin 4,7 us Clock LOW period 
tHiGHmin 4 us Clock HIGH period 
tsu: STA t> tLowmin Start condition set-up time, only valid for repeated start code 
tHD: DAT t20us Data hold time. 
tsu; DAT t 2 250 ns Data set-up time 
tp t<1us Rise time of both the SDA and SCL line 
tr t <300 ns Fall time of both the SDA and SCL line 
tsu: STO t 2 tLOWmin Stop condition set-up time 
Note 


All the timing values refer to Vip and Vj, levels with a voltage swing of Vss to Vpp. 
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a LAL. AK UL. PS 


START ADDRESS R/W- ACK DATA ACK START ADDRESS R/W_ ACK STOP 
CONDITION CONDITION 7287014 


Fig. 11 Complete data transfer in the high-speed mode. 


Where: 
Clock tLowWmin 4,7 us 
tHIiGHmin 4 us 
The dashed line is the acknowledgement of the receiver 
Mark-to-space ratio 1: 1 (LOW-to-HIGH) 
Max. number of bytes unrestricted 
Premature termination of transfer allowed by generation of STOP condition 
Acknowledge clock bit must be provided by the master 
Low-speed mode 


Masters generate a bus clock with a maximum frequency of 2 kHz;a minimum LOW period of 105 us 
and a minimum HIGH period of 365 us. The mark-to-space ratio is 1 : 3 LOW-to-HIGH. Detailed 
timing is shown in Fig. 12. 


DEVELOPMENT DATA 


= Y 


<— tpaurF —" 


SCL 
— >! tHp:sta |*— SS SIGN a ~t#— tsu DAT 
—p> tLow <_ a [ogee 
tHD-:DAT 
SDA 


tsu;sTo 


7Z87015 


Fig. 12 Timing of the low-speed mode. 
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Timing specifications (continued) | 


Where: 

tBUF t > 105 us (tLOWmin) 
tHD; STA t > 365 us (ty|GHmin) 
tLow 130 us + 25 us © 
tHIGH 390 us + 25 us 

tSU: STA 130 us + 25 us * 

tHD; DAT t> Ops 

tsU: DAT t > 250 ns 

tr t< us 

te t< 300 ns 

tsu: STO 130 ws + 25 us 

Note 


All the timing values refer to Vij and Vj,_ levels with a voltage swing of Vgg to Vpp. For definitions 
see high-speed mode. | , | 


START START BYTE DUMMY REPEATED ADDRESS ACKNOWLEDGE STOP 
CONDITION ACKNOWLEDGE “START CONDITION 
CONDITION. — 7Z87016 


Fig. 13 Complete data transfer in the low-speed mode. 


Where: — | | | 
ClocktLowmin 130 ps + 25 ps 

tH IGHmin : 7 ee 390 us + 25 us | 
Mark-to-space ratio : 1:3 (LOW-to-HIGH) | . 
Start byte | 0000 0001 | 
Max. number of bytes 6 

Premature termination of transfer not allowed 

Acknowledge clock bit must be provided by master 
Note 


The general characteristics and detailed specification of the 1?C bus are described in a separate data 
sheet (serial data buses) in handbook ‘ICs for digital systems in radio, audio and video equipment’’. | 


* Only valid for repeated start code. 
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RATINGS | 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 


parameter symbol p min, max. unit 


Supply voltage range V 
Input voltage range (any input) V 
D.C. input current (any input) mA 
D.C. output current (any output) mA 
Supply current mA 
Power dissipation per output mW 
Total power dissipation per package mW 
Operating ambient temperature range oC 
Storage temperature range oC 


CHARACTERISTICS 


Vpp = 2,5 to 6 V; Vgs = 0 V; crystal parameters: foc¢ = 3, 579 545 MHz, Rsmax = 50 2; 
Tamb = = —25 to + 70 °C; unless otherwise specified 


Lt 
ik 
parameter ee a 1 i unit 
a Operating supply voltage V 
s Operating supply current (note 1) 
5 oscillator ON; V|pp =3 V 
7 | no output tone LA 
“f single output tone mA 
a) dual output tone mA 
Static standby current 
oscillator OFF; note 1 BA 
Inputs/outputs (SDA) 
Dg to D5; MODE; STROBE 
Input voltage LOW V 
Input voltage HIGH V 
Do to D5; MODE; STROBE; Ag > 
Pull-down input current 
Vi=Vpp nA 
SCL (Dg); SDA (D4) 
| Output current LOW (SDA) 
VoL =0,4V mA 
Clock frequency (see Fig. 10) kHz 
Input capacitance; Vj = Vss pF 
ns 


Allowable input spike pulse width 


March 1984 | 161 


162 


PCD3311 
PCD3312 


~ CHARACTERISTICS (continued) 


TONE output (see Fig. 14) 


DTMF output voltage levels 
(r.m.s. values) 


HIGH group VHG(rms) mV - 

LOW group VLG(rms) ) mV 
D.C. voltage level Voc V 
Pre-emphasis of group AVG : ; : dB 
Total harmonic distortion 

Tamb = 25 oC 

dual tone; note 2 THD — dB 

modem tone, note 3 THD dB 
Output impedance IZol | ko 
OSCI input 
Maximum allowable amplitude 7 

at OSCI VOSC(p-p) Vv. 
Timing (V pp = 3 V) 
Oscillator start-up time tOSC(ON) ms 
TONE start-up time; note 4 | tTONE(ON) ms 
STROBE pulse width; note 5 tsTR ns 


Data set-up time; note 5 tps ns 
Data hold time; note5 tpH ns 


Notes to the characteristics 


1. Crystal is connected between OSCI and OSCO; Do/SCL and D4/SDA via a resistance of 5,6 kQ2 to 
Vpp; all other pins left open. 

. Related to the level of the LOW group frequency component (CEPT CS 203). 

. Related to the level of the fundamental frequency. 

. Oscillator must be running. | 

. Values are referenced to the 10% and 90% levels of the relevant pulse amplitudes, with a total voltage 
swing from Vss to Vpp. 


oR WN 
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DTMF/MODEM/musical-tone generators 
PCD3312 


Vop > 1yF 


TONE 


PCD3311 
PCD3312 


10k 


Vss 


7287678 


Fig. 14 TONE output test circuit. 
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DEVELOPMENT DATA 


Fig. 15 Standby supply current as a Fig. 16 Operating supply current as a 
function of supply voltage; oscillator OFF. function of supply voltage; oscillator ON; 
no output at TONE. 


7287681 7287682 


Wit | | 
Wi | | 
An Sem 


0 
Vv, (V) 
Fig. 17 Operating supply current as a Fig. 18 Pull-down input current as a 
function of supply voltage; oscillator ON; function of input voltage; Vpp = 3 V. 


dual tone at TONE. 
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7287684 


LOW GROUP 
Beas. 
Fig. 19 DTMF output voltage levels Fig. 20 Dual tone output voltage 
as a function of operating supply level as a function of output load 
voltage; Ry = 1 MQ. fa resistance. 
5 7Z90599 
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frequency (kHz) 
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frequency (kHz) 


Fig. 21 Typical frequency spectrum of a dual tone 
signal after flat-band amplification of 6 dB. 
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DTMF/MODEM/musical-tone generators 


APPLICATION INFORMATION 


Vss Vpp 


GENERAL 
?URPOSE 
MICROCONTROLLER 
(4 or 8- BIT) 


data bus 


OSCO OSC! STROBE 
Do 
i 


Ds 
MODE Ypp 


TONE 


PCD3311 


Vgg 


7287686.1 


Fig. 22 PCD3311 driven by a microcontroller with parallel data-bus. 


Vss VoD 


TELEPHONY 
MICROCONTROLLER 
PCD3343 


OSCI OSCO 


DEVELOPMENT DATA 


OSCI 


OSCO 


TONE 
PCD3312 
Vsgs_ Vop 


|| 7Z87685.2 
| 


Fig. 23 PCD3312 driven by telephony microcontroller PCD3343 with serial 1/O (1?C bus). 
The PCD3343 is a single-chip 8-bit microcontroller with 3K ROM/224 RAM bytes. The same application 
is possible with the PCD3311 with MODE = Vss. 


Purchase of Philips’ 1*C components conveys a license under the 
Philips’ 1?C patent to use the components in the |?C-system 
provided the system conforms to the |?C specifications defined 
by Philips. 
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CMOS REDIAL AND REPERTORY DIALLER 


GENERAL DESCRIPTION 


The PCD3315 is a single chip CMOS dialler IC for telephone sets. It has two dialling modes; pulse 
dialling (PD), and dual tone multi-frequency (D TMF) when used in conjunction with tone generator 
PCD3312. In addition to manual dialling it also features several automatic functions, e.g. redial, 
extended redial, notepad and repertory dial. 


Features 

@ Pulse dialling 

@ DTMF dial control of tone generator PCD3312 

@ Redial 

@ Extended redial 

@ Electronic notepad 

@ Ten repertory dial numbers 

@ 18-digit capacity for each autodial memory 

@ Maximum of 36 digits per call 

@ Flash or register recall 

@ Uses standard 4 x 4 keyboard (single or double contact) 

@ Four extra function keys: program/autodial, flash, redial, access pause 

@ Access pause generation and termination 

@ Automatic recognition of PABX-digits; resulting in an access pause insertion 
@ Hold input and access pause output (APO) to adjust the duration of the access pause and facilitate 


use of tone recognizers 

Four diode or strap functions: general/German, access pause time, reset delay time, general: 
mark-space ratio/German: prepulse 

@ Manual reset of autodial RAM 

@ On-chip power-on reset 

@ Programmed for improved noise immunity 


QUICK REFERENCE DATA 


Operating supply voltage Vpp 2,5t0 6,0 V 
Standby supply voltage VppoO min. 1V 
Operating currents at Vpp =3 V 

conversation mode IDD typ. 270 pA 

dialling mode IDD typ. 500 wA 
Standby supply current | 

at Vpp = 1,8 V; Tamb = 25 PC IDp typ. 1,2 pA 
Crystal frequency f 3,58 MHz 
Operating ambient temperature range Tamb —25 to +70 9C 


PACKAGE OUTLINES 


PCD3315P: 28-lead DIL; plastic (SOT-117). 
PCD3315T: 28-lead mini-pack; plastic (SO-28; SOT-136A). 
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7280594.2 


Fig. 1 Pinning diagram. — 
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PINNING 
1 1.c. 
2 .C. 
3. Le. 
4 ROW1 
5 ROW2 
6 ROW3 
7 ROW4 
8 ROWS5 
9 DIODE 
10 APO 
11. HOLD 
12 CE 
13° PD/DTMF 
14. ~Vss 
15 XTAL1 
16 XTAL2 
17. RESET 
18 COL1 
19 COL2 
20 COL3 
21 COL 4 
22 DP/FL 
23. M1 
24 SDA 
25 SCL 
26 Le 
27 ic 
28 Vpp 


internally connected 
internally connected 
internally connected 


scanning row keyboard outputs 


diode option output 
access pause output 
hold input 

chip enable input 


input to select pulse or DTMF 
dialling 


negative supply 


crystal pins 


‘reset input/output 


~ sense column keyboard inputs 


dialling pulse and flash output 
muting output 

serial data 

serial clock 

internally connected 
internally connected 

positive supply 


CMOS redial and repertory dialler PCD3315/502 


FUNCTIONAL DESCRIPTION 


Power supply (Vpp; Vss) 
The minimum supply voltage and supply current depend on the operating modes: 


@ Standby 
@ Conversation 
@ Dialling 


(see operational description) 


Oscillator (XTAL 1; XTAL 2) 


The timebase for the PCD3315 is a crystal-controlled oscillator with a 3,58 MHz quartz crystal 
connected between XTAL 1 and XTAL 2. The oscillator will run when the CE = HIGH. 
The output XTAL 2 can drive the oscillavor input of the PCD3312 via a capacitor. 


Keyboard inputs/outputs (COL 1 to 4; ROW 1 to 5) 


The sense column COL 1 to COL 4 and the scanning row outputs ROW 1 to ROW 4 are directly 
connected to a 4 x 4 single contact keyboard matrix. An extra row (ROW 5) is added to address four 
additional function keys that are required for autodial functions. The keyboard organization is shown 
in Fig. 2. Keyboard entries are valid 20 ms (debounce time) after the leaoing edge and until 20 ms 
after the trailing edge of the keyboard entry. 

In pulse dialling mode the valid keys are the 10 numeric keys (O to 9). The 6 non-numeric keys 

(A, B, C, D, *, #) have no effect on the dialling and are ignored. | 

In DTMF dialling mode the 10 numeric keys and the 6 non-numeric keys are valid. 


ROWS COLUMNS 


PeGe Tee KEYBOARD 


Fig. 2 Keyboard organization. 


Diode option output (DIODE) 
An extra row is added to the keyboard matrix to provide several selections: 


@ Access pause duration 

@ Reset delay time 

@ Mark/space ratio or prepulse yes/no 
@ General or German version 


Dialling pulse and flash output (DP/F L) 


This output drives the line interrupter circuit. In pulse dialling mode it controls the timing for the line 
interrupter. This output also provides a ‘’Flash’’ pulse which generates a 95 ms line break. In the 
German version this ‘‘Flash’’ occurs only in the DTMF dialling mode. | 7 
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FUNCTION DESCRIPTION (continued) 
Chip enable input (CE) 


The CE input is used for hook-detection. — 

Hook-off will result in CE = HIGH. This will change the circuit state from standby to operational mode 
and also initialize the circuit. 

When the circuit detects a line break longer than the reset delay time, it will switch the IC to the 
standby mode. This essentially achieves a low standby current during hook-on. 

During access pauses the reset delay time is longer because the telephone line supply is switched over, 
which may result in longer line drops. 


Mute output (M1) 
This output is active during: 


In pulse dialling mode; Mute = HIGH during interdigit pause plus dialling pulses 
In DTME dialling mode; Mute = HIGH during DTMF bursts plus hold-over time 
During access pauses; Mute = HIGH during the mute hold-over time 

During flash; Mute = HIGH 


During programming 


Hold input (HOLD); access pause output (APO) 


The hold input suspends dialling after completion of the current digit, or in pulse dialling during the 
inter-digit pause. 

The hold function facilitates an extra time delay during dialling under the control of external circuitry, 
i.e. a dialling tone recognizer. 

In the hold state (HOLD = LOW) the muting output is also LOW, thus the IC is in the conversation mode. 
The HOLD input can be controlled by the access pause output (APO) directly, or indirectly via a 
dialling tone recognizer (see Fig. 3). The APO output will go LOW when an access pause is recognized. 


set L reset a5 


SET 


DIALLING TONE 
RECOGNIZER 


RESET 


HOLD APO 


PCD3315/502 - 


7280779.1 


dialling 
tone 


Fig. 3 Automatic variation of length of an access pause under the control of a dialling tone recognizer. 


Serial data (SDA); serial clock (SCL) 


The serial 1/O lines SDA and SCL are used to control the PCD3312 in the DTMF dialling mode (see 
Fig. 5). Both outputs require external pull-up resistors, 


Dialling mode selection input (PD/DTMF) 
This input selects the dialling mode: 


@ PD/DTMF = LOW selects pulse dialling 
@ PD/DTMF = HIGH selects DTMF dialling 


Reset input/output (RESET) 


When the reset input is active HIGH it can be used to initialize the IC. 

In normal application this is achieved by the CE input. 

Reset is also an output of the internal power-on-reset circuit, which generates a reset pulse if Vpp 
drops below 1,3 V (typ.). 


Dees Tee RCE ORD RE NER STC SOARS MO ANAT 
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CMOS redial and repertory dialler PCD3315/502 


OPERATION 


The PCD3315 has 3 operating modes: 


@ Standby 
@ Conversation 
@ Dialling 


Standby mode 


When the chip enable input (CE) is LOW the IC is in the standby mode. 

The oscillator is switched off and the IC requires only a low standby current (1,2 uA typ.) for memory 
retention. 

0,5 ms after CE becomes HIGH the circuit will leave the standby mode and enter the conversation mode. 


Conversation mode 


In this mode the IC is active in order to scan the keyboard entries. Mute and dialling pins are inactive. 
The current consumption is 270 pA (typ.) at Vpp = 3 V. 


Dialling mode 
The IC will be switched to the fully operational mode in the following circumstances: 


@ A valid keyboard entry 
@ Dialling mode 
® Programming mode 


The current consumption is 500 pA (typ.) at Vpp = 3 V. 
The PCD3315 has two dialling modes: 


@ Pulse dialling direct via DP/F L output 
@ DTMF dialling via PCD3312 using the serial I/O lines SDA and SCL 


Pulse dialling 


The timing sequence for pulse dialling is shown in Fig. 4a. 

Output DP/FL starts with an inter-digit pause, followed by a sequence of pulses corresponding with 
the digit for transmission. The dialling frequency is fixed at 10 Hz, the break and make times are 

60 ms and 40 ms respectively. 
In the general version with diode option the user can also select break and make times of 67 ms and 
33 ms respectively. 

The muting pulse will overlap the total dialling sequence. After dialling the muting output {M1) goes 
LOW and the circuit is switched to the conversation mode. 


DTME dialling 


The timing sequence for DTMF dialling is shown in Fig. 4b. 

The PCD3312 generates the selected DTMF tones via the serial 1/O lines SDA and SCL. These tones 
are transmitted with minimum tone burst durations of 70,70 ms (for the German version 80,80 ms). 
The maximum tone burst duration is equal to the key depression time. 

After dialling the muting output goes LOW after a hold-over time of 80 ms and the circuit is switched 
to the conversation mode. 
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OPERATION (continued) 
Normal dialling 


The IC has a working register with a maximum ieaiacity of 18 positions. Entries in these positions 
maybe: 


@ 10 numeric digits 0 to 9 
@ Manually programmed access pauses 
® 6 non-numeric special keys (*, #, A, B, C, D) in DTMF mode 


If none of the special keys have been pressed the contents of the working register will be stores 
automatically in the Redial Buffer. 

The number of digits can be extended to a maximum of 36, but this will result in a redial memory 
clear after hook-on. This is also valid for manual dialling after automatic dialling. 


Automatic dialling 
In addition to manual dialling the IC provides the following automatic functions: 


® Redial of the last manually dialled number (German version) 
or 
Redial of the last dialled number (general version) 

@ Extended redial 

@ Electronic notepad 

@ Maximum of 10 repertory dialling numbers 


The maximum capacity of the registers for these numbers is also 18 positions. The 6 non-numeric 
digits (*, #, A, B, C, D) will not be stored. 


To achieve these automatic dialling functions an extra row of the keyboard is required which contains 
the following special function keys: | 


® P= programming/automatic dialling 
@ FL flash or register recall! 

® RF redial 

@ AP manual access pause entry 


Besides the operational procedure for automatic dialling, there are also procedures for programming 
these numbers into the memory (see Table 1). 


Table 1 Keying procedures for dial and program operation 


redial automatic 
extended redial ° TN: *P ; 
notepad -~P+P+-TN°P 
repertory dial ° 
PABX digits automatic P +R +dy (dg) R d3 (dq) 
reset autodial hook-on 
RAM 2,5, 8,0 
hook-off 
2,5, 8, O 
Where: 
P = press and release P-key d = digit 0 to 9 
P = press and keep P-key pressed 2,5, 8,0 = press and keep pressed keys 2, 5, 8 and 0 
R = press and release R-key 2,5, 8,0 = release keys 2, 5, 8 and 0 


TN = telephone number 
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Access pause 


During a dialling sequence it may be necessary to insert a wait time to ensure correct dialling. 

A dialling sequence can always be interrupted by the HOLD input through an access pause recognition, 
which results in a fixed time delay. 

There are 3 possibilities to enter an access pause: 


@ At manual dialling by pressing the AP key 
@ At auto dialling by recognition of the AP-code in the memory 
@ Recognition of PABX digits, after which an automatic access pause will be inserted 


There are 4 possibilities to terminate an access pause: 


@ HOLD, APO pins directly interconnected; after a fixed time delay of 3 or 5 seconds in pulse dialling; 
1,5 or 2,5 seconds in DTMF dialling. The fixed time delay is determined by a diode strap 

@ HOLD, APO pins interconnected via an RC network; after a fixed time delay of 3 or 5 seconds in 
pulse dialling; 1,5 or 2,5 seconds in DTMF dialling — plus an additional time delay determined by 
the RC values 

@ APO pin enables a dialling tone recognizer, which controls the HOLD input (see Fig. 3) 

@ HOLD input connected to Vpp; no access pause 


During the access pause the muting output remains active during hold-over time. In order to handle 
longer line drops during access pauses, the PCD3315 automatically switches to the maximum reset 
delay time of 320 ms. - 


PABX digits 


The PCD3315 will detect pre-programmed PABX digits and insert an access pause in the dialling 
sequence. The reserved capacity is for two different PABX numbers with a maximum of 2 digits each. 


Program procedure: P +R - dy, do R d3 dq. 


Notepad 


In the conversation mode the notepad procedure will overwrite the extended redial buffer, without 
dialling-out digits. After hook-off this number can be recalled through the extended redial buffer. 


Store procedure :P -P -TNP 
Dial :P-R 


Flash (see Fig. 4b) 


Flash or register recall is activated by the flash key which results in a timed line break at output pin 
DP/FL. This line break is of a fixed 95 ms duration in both pulse and DTMF dialling modes. In the 
German version it is only applicable to the DTMF mode. 

In the dialling procedure a flash entry will initialize the 1C and thus the working register which acts 
like a chip enable procedure. 


Memory clear 


A built-in manually total memory clear to facilitate resetting of the autodial RAM after servicing, 
maintenance or telephone set delivery. 


Procedure: hook-on, press and keep depressed keys 2, 5, 8, 0; 
hook-off, release keys 2, 5, 8, 0. 
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OPERATION (continued) 


Program security 


Security measures are incorporated in the IC to avoid incorrect dialling operations and hang-ups. 


The program has a built-in RAM check procedure to protect the autodial numbers stored in the RAM. 
If one or more bits of this RAM are changed during standby or the battery falls below 1,3 V (typ.), 
this will result in a memory clear to avoid subsequent incorrect dialling. 


Diode options 


There are 4 different diode or strap options which are an extension of the keyboard matrix. Addressing 
is via the 4 colums and diode pins. 

There are two possibilities: 

@ Without diode 

@ With diode (cathode on row-side) 


The built-in selections are shown in Table 2. 


Table 2 Diode option selections 


version German general — 
break, make-time 60,40 ms 67,33 ms general version 


prepulse no yes German version 
access pause 35 5s | pulse dialling 
access pause 1,55 2,55 DTMF dialling 
reset delay time 160 ms 320 ms ~ 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 

- Supply voltage (pin 28) | Vppb —0,8to+8 V 
Allinput voltages 7 Vi 0,8 to Vppt 08 V 
D.C. current into any input of output +1j),t1Q max. 10 mA 
Total power dissipation (see note) _ | Prot max. 500 mW 
Power dissipation per output Po max. 50 mW 
Storage temperature range T stg —65 to + 150 °C 
Operating ambient temperature range Tamb —25 to +70 °C 
Operating junction temperature Tj max. 125 OC 
Note 
Thermal resistance (junction to ambient) 

for SOT-117 Rth j-a max. 120 K/W 
for SOT-136A Rth j-a max. 150 K/W 
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D.C. CHARACTERISTICS 


PCD3315/502 


Vpp = 2,5 to 6 V; Vss = 0 V; Tamb = —25 to + 70 9C; all voltages with respect to Vgg; 


f = 3,58 MHz with Rs = 50 22; unless otherwise specified 


Supply voltage 
operating 
STOP mode for RAM retention 


Supply current 

dialling mode 
at Vpp =3 V 

conversation mode 
at Vpp =3 V 

STOP mode* 
at Vpp = 1,8 V; Tamb = 25 OC 
at Vpp = 1,8 V; Tampb = 55 OC 
at Vpop = 1,8 V; Tamb = 70 PC 


RESET I/O 
Switching level 


Sink current 
at Vpp > VRESET 


Inputs 
Input voltage LOW 
Input voltage HIGH 


Input leakage current 
at Vss < Vi < Vpp 


Outputs 
Output voltage LOW 

at Vj} = Vss or Vpp; Ilo| <1 uA 
Output sink current LOW 

at Vpp =3V; V9 = 0,4 V 
Pull-up output source current HIGH 
(except SDA, SCL) 

at Vpp =3 V; Vo = 0,9Vpp 

at Vpp =3 V; Vo = Vss 


“Crystal connected between XTAL 1 and XTAL 2; SCL and SDA pulled to Vpp via 5,6 kQ 


resistor; CE and PD/DTMF at Vs. 


** Because RAM is cleared if POR is activated by software, this value must be max. VRESET. 
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Table 3 Timing date, general version 


Reset delay time 

Reset delay time during access pause 
Keyboard debounce time 

Flash time 


Pulse dialling 


Dial frequency 
Break/make time 
Interdigit pause 
Access pause 

Mute hold-over time 4 


DTMF dialling 


- Tone transmission time 
Tone pause time 
Mute hold-over time during dialling 
Mute hold-over time during access pause 
Access pause 


Reset delay time 
Reset delay time during access pause 
Keyboard debounce time 


Pulse dialling 


Dial frequency 
Break/make time 
Interdigit pause 
Access pause 

Mute hold-over time 4 
Prepulse time 


DTMF dialling 


Tone transmission time 

Tone pause time 

Mute hold-over time during dialling 
Mute hold-over time during access pause 
Access pause 


Flash time 
= Without diode. 4 Only during access pause. 7 
** With diode. : 7 
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KEYBOARD 
ENTRY a i i a Oe 


contact 
bounce time 


M1 
DP/FL 
DIALLING MODE 
CONVERSATION . CONVERSATION ~~ STATIC 
MODE MODE STANDBY 
(await dialling tone) 7Z80781 MODE 
Fig. 4a Timing diagram for pulse dialling mode, defined by PD/DTMF = LOW (Vg). 
trds 
CE 
<tp 


(no effect) 


KEYBOARD 
ENTRY 


DTMF 


DP/FL 


7280782 


Fig. 4b Timing diagram for DTMF dialling mode, defined by PD/DTMF = HIGH (Vpp). 
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Fig. 5 Block diagram of feature phone. 


DEVELOPMENT DATA , 
This data sheet contains advance information and PCD3315/503 | 


specifications are subject to change without notice. 


CMOS REDIAL AND REPERTORY DIALLER 


GENERAL DESCRIPTION 


The PCD3315/503 is a single chip CMOS dialler IC for telephone sets. It has two dialling modes; pulse 
dialling (PD), and dual tone multi-frequency (DTMF) when used in conjunction with tone generator 
PCD3312. In addition to manual dialling it also features several automatic functions, e.g. redial, 
extended redial, notepad and repertory dial. 


Features 


Pulse dialling 

DTMEF dial control of tone generator FCD3312 

Redial 

Extended redial 

Electronic notepad 

Ten repertory dial numbers 

Successsive dial and autodial procedures during a single call 

18-digit capacity for each autodial memory 

Number of digits per call is infinite (F|FO register) 

Flash or register recall | 

Uses standard 4 x 4 keyboard (single or double contact) 

Four extra function keys: program/autodial, flash, redial, access pause 

Keyboard expansion is possible to accomodate the 10 repertory dialling numbers 
Access pause generation and termination. 

Automatic recognition of PABX-digits; resulting in an access pause insertion 
Hold input and access pause output (APQ) to adjust the duration of the access pause and facilitate 
use of tone recognizers 

Four diode or strap functions: mark-space ratio, FLASH time, access pause time and tone bursts time 
Manual reset of autodial RAM 

On-chip power-on reset 

Programmed for improved noise immunity 


QUICK REFERENCE DATA 


Operating supply voltage _ | Vpp 2,5t06,0 V 
Standby supply voltage VpDpO~ min. 1V 
Operating currents at Vpp = 3 V 

conversation mode IDD typ. 270 wA 

dialling mode IDD typ. 500 wA 
Standby supply current 

at Vpp = 1,8 V; Tamb = 25 OC IDD typ. 1,2 pA 
Crystal frequency f 3,58 MHz 


Operating ambient temperature range Tamb ~25 to +70 OC 


PACKAGE OUTLINES 


PCD3315P: 28-lead DIL; plastic (SOT-117). 
PCD3315T: 28-lead mini-pack; plastic (SO-28; SOT-136A). 
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Fig. 1 Pinning diagram. 
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PINNING 

1 1.C. 

2 i.c. 

3 ae: 

4 ROW1 
5 ROW2 
6 ROW3 
7 ROW4 
8 ROWS 
9 DIODE 
10 APO 
11. HOLD 
12 CE 

13. PD/DTMF 
14 Vss 
15 XTAL1 
16 XTAL2 
17 RESET 
18 COL1 
19 COL2 
20 COL3 
21 COL4 
22. ~DP/FL 
23 M1 

24 SDA 
25 SCL 
26 COLS5 
27 COL6 
28 VDD 


| 


internally connected 
internally connected 


internally connected 
scanning row keyboard outputs 


diode option output 
access pause output 
hold input 

chip enable input 


input to select pulse or DTMF 
dialling 


negative supply 


crystal pins 


reset input/output 


sense column keyboard inputs 


dialling pulse and flash output 
muting output 

serial data 

serial clock 


sense column keyboard inputs 


positive supply 


CMOS redial and repertory dialler PCD3315/503 


FUNCTIONAL DESCRIPTION 


Power supply (Vpp; Vss) 
The minimum supply voltage and supply current depend on the operating modes: 


@ Standby 
® Conversation 
® Dialling 


(see operational description) 


Oscillator (XTAL 1; XTAL 2) 


The timebase for the PCD3315/503 is a crystal-controlled oscillator with a 3,58 MHz quartz crystal 
connected between XTAL 1 and XTAL 2. The oscillator will run when the CE = HIGH. 
The output XTAL 2 can drive the oscillator input of the PCD3312 via a capacitor. 


Keyboard inputs/outputs (COL 1 to 6; ROW 1 to 5) 


The sense column COL 1 to COL 4 and the scanning row outputs ROW 1 to ROW 4 are directly 
connected to a 4 x 4 single contact keyboard matrix. An extra row (ROW 5) is added to address four 
additional function keys that are required for autodial functions. 

Repertory dialler extension (ROW 1 to ROW 5/COL 5 and COL 6): 10 extra keys to access by single 
button repertory numbers (on-chip RAM). The keyboard organization is shown in Fig. 2. Keyboard 
entries are valid 20 ms (debounce time) after the leading edge and until 20 ms after the trailing edge 
of the keyboard entry. 

In pulse dialling mode the valid keys are the 10 numeric keys (0 to 9). The 6 non-numeric keys 

(A, B, C, D, *, #) have no effect on the dialling and are ignored. 

In DTMF dialling mode the 10 numeric keys and the 6 non-numeric keys are valid. 


ROWS COLUMNS 


DEVELOPMENT DATA 


KEYBOARD 


; : ; 7296432 
Fig. 2 Keyboard organization. 


Diode option output (DIODE) 


An extra row is added to the keyboard matrix to provide several selections: 


@ Access pause duration 

@ ’'Flash’’ time selection 

® Mark/space ratio 

® Tone burst time selection 


Dialling pulse and flash output (DP/FL) 


This output drives the line interrupter circuit. In pulse dialling mode it controls the timing for the line 
interrupter. This output also provides a ’’Flash’’ pulse which generates a 95/650 ms line break, selected 
via a diode option. 
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FUNCTION DESCRIPTION (continued) 


Chip enable input (CE) 

The CE input is used for hook-detection.. 

Hook-off will result in CE = HIGH. This will change the circuit state frei standby to operational mode 
and also initialize the circuit. 

When the circuit detects a line break longer than the reset delay time, it will switch the IC to the 
standby mode. This essentially achieves a low standby current during hook-on. 

During access pauses the reset delay time is longer because the telephone line supply is switched over, 
which may result in longer line drops. 


Mute output (M1) 
This output is active: 
@ In pulse dialling mode; Mute = HIGH during inter-digit pause plus dialling pulses 


@ In DTMF dialling mode; Mute = HIGH during DTMF bursts plus hold-over time 
@ During access pauses; Mute = HIGH during the mute hold-over time 

@ During flash; Mute = HIGH 

@ During programming. 


Hold input (HOLD); access pause output (APO) 


The hold input suspends dialling after completion of the current digit, or in pulse dialling during the 
inter-digit pause. 

The hold function facilitates an extra time delay during dialling under the control of external circuitry, 
i.e. a dialling tone recognizer. 

In the hold state (HOLD = LOW) the muting output is also LOW, thus the IC is in the conversation mode. 
The HOLD input can be controlled by the access pause output (APO) directly, or indirectly via a 

dialling tone recognizer (see Fig. 3). The APO output will go LOW when an access pause is recognized. 


set L reset ay 


SET 


DIALLING TONE 
RECOGNIZER 


RESET 


HOLD APO 


PCD3315 


dialling 
tone 7280779 


Fig. 3 Automatic variation of length of an access pause under the control of a dialling tone recognizer. 


Serial data (SDA); serial clock (SCL) 


The serial 1/O lines SDA and SCL are used to control the PCD3312 in the DTMF dialling mode (see 
Fig. 5). Both outputs require external pull-up resistors. 


Dialling mode selection input (PD/DTMF) 
This input selects the dialling mode: 


@ PD/DTMF = LOW selects pulse dialling 
@ PD/DTMF = HIGH selects DTMF dialling 


Reset input/output (RESET) 


When the reset input is active HIGH it can be used to initialize the IC. 

In normal application this is achieved by the CE input. 

Reset is also an output of the internal power-on-reset circuit, which generates a reset pulse if Vpp drops: 
below 1,3 V (typ.). 
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OPERATION 


The PCD3315/503 has 3 operating modes: 


e Standby 
@ Conversation 
® Dialling 


Standby mode 


When the chip enable input (CE) is LOW the IC is in the standby mode. 

The oscillator is switched off and the IC requires only a low standby current (1,2 pA typ.) for memory 
retention. 

0,5 ms after CE becomes HIGH the circuit will leave the standby mode and enter the conversation mode. 


Conversation mode 


In this mode the IC is active in order to scan the keyboard entries. Mute and dialling pins are inactive. 
The current consumption is 270 pA (typ.) at Vpp =3 V. 


Dialling mode 

The IC will be switched to the fully operational mode in the following circumstances: 
@ A valid keyboard entry 

@ Dialling mode 

@ Programming mode 

The current consumtion is 500 wA (typ.) at Vpp =3 V. 

The PCD3315/503 has two dialling modes: 


@ Pulse dialling direct via DP/FL output 
@ DTMF dialling via PCD3312 using the serial I/O lines SDA and SCL 
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Pulse dialling 


The timing sequence for pulse dialling is shown in Fig. 4a. 

Output DP/FL starts with an inter-digit pause, followed by a sequence of pulses corresponding with 
the digit for transmission. The dialling frequency is fixed at 10 Hz, the break and make times are 

60 ms and 40 ms respectively. 

With diode option the user can also select break and make times of 67 ms and 33 ms respectively. 
The muting pulse will overlap the total dialling sequence. After dialling the muting output (M1) goes 
LOW and the circuit is switched to the conversation mode. 


DTMF dialling 


The timing sequence for DTMF dialling is shown in Fig. 4b. 

The PCD3312 generates the selected DTMF tones via the serial 1/O lines SDA and SCL. These tones 
are transmitted with minimum tone burst durations of 70,70 ms or 100,100 ms with diode option. 
The maximum tone burst duration is equal to the key depression time. 

After dialling the muting output goes LOW after a hold-over time of 80 ms and the circuit is switched 
to the conversation mode. 
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OPERATION ~ 


Normal dialling 


The IC has a working register with a maximum capacity of 18 positions. Entries in these positions 
maybe: 


@ 10 numeric digits 0 to 9 
@ Manually programmed access pauses | 
@ 6 non-numeric special keys (*, #, A, B, C, D) in DTMF mode 


If none of the special keys have been pressed the contents of the working register will be stored 
automatically in the Redial Buffer. | 

The number of digits can be extended but this will result in a redial memory clear after hook-on. 

Up to 18 digits can be stored in the redial register. After the main store overflows, a 10-digit First-in 
First-out (FIFO) register takes over as buffer. After transmitting the first digit of the FIFO register this 
place is automatically cleared and new data can be stored there. In this way an unlimited number can 
be transmitted if the key-in rate is not too fast. However if this FIFO register also overflows (more 
than 10 digits in store) further input will be ignored. 

This is also valid for manual dialling after automatic dialling. 


Automatic dialling 
In addition to manual dialling the IC provides the following automatic functions: 


@ Redial of the last dialled number 

@ Extended redial 

@ Electronic notepad 

@ Maximum of 10 repertory dialling numbers 


The maximum capacity of the registers for these numbers is also 18 positions. The 6 non-numeric 
digits (*, #, A, B, C, D) will not be stored. 

To achieve these automatic dialling functions an extra row of the keyboard is required which contains 
the following special function keys: | . 

@ P — programming/automatic dialling 

@ FL flash or register recall | 

eR redial | 

@ AL manual access pause entry bak Gs 
Besides the operational procedure for automatic dialling, there are also procedures for programming 
these numbers into the memory (see Table 1). 
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Table 1 Keying procedures for dial and program operation 


redial automatic 
extended redial . TN -P 
notepad dial-P-P-TN-P 
repertory dial . -d-TN 
or -M-TN 
PABX digits automatic -R-d4 (dg) R d3 (dq) 
reset autodia! hook-on 
RAM 2,5,8,0 
hook-off 
2,5,8,0 
Where: 
P = press and release P-key d = digit 0 to9 
P  =press and keep P-key pressed 2,5,8, 0 = press and keep pressed keys 2, 5, 8 and 0 
R  =press and release R-key 2,5, 8,0 = release keys 2,5, 8 and O 
TN = telephone number M = press and release M-key 


Successive repertory dialling during a call 


It is possible to dial more than one repertory number during one single telephone call using the 
following procedures: 


@ Redial, extended redial or a repertory number followed by new digits 
@ Repertory number followed by one or more repertory numbers 
@ Normal dial, redial or extended redial followed by one or more repertory numbers 
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Repertory button dialling via extended keyboard 


The PCD3315/503 has the facility to store 10 repertory numbers, activated by the P-button with a 
number key or by using direct button action. Then the stored numbers can be re-called by pressing 
one of the 10 name buttons. The keyboard extension is connected via pins 26 and 27. 
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OPERATION (continued) 


Access pause wi fe. nbs | 

During a dialling sequence it may be necessary to insert a wait time to ensure correct dialling. 

A dialling sequence can always be interrupted by the HOLD input through an access pause recognition, 
which results in a fixed time delay. 

There are 3 possibilities to enter an access pause: 


@ At manual dialling by pressing the AP key 
@ At auto dialling by recognition of the AP-code in the memory : 
@ Recognition of PABX digits, after which an automatic access pause will be. inserted 


There are 4 possibilities to terminate an access pause: 


@ HOLD, APO pins directly interconnected: after a fixed time delay of 3 or 5 seconds in pulse dialling; 
1,5 or 2,5 seconds in DTMF dialling. The fixed time delay is determined by a diode strap 
@ HOLD, APO pins interconnected via an RC network: after a fixed time delay of 3 or 5 seconds in 
pulse dialling; 1,5 or 2,5 seconds in DTMF dialling — plus an additional time delay determined by 
_ the RC values 
@ APO pin enables a dialling tone recognizer, which controls the HOLD input (see Fig. 3) 
@ HOLD input connected to Vpp; no access pause 


During the access pause the muting output remains active during hold-over time. In order to handle 
longer line drops during access pauses, the PCD3315 automatically switches to the maximum reset 
delay time of 320 ms. 


PABX digits 


The PCD3315/503 will detect pre-programmed PABX digits and insert an access pause in the dialling 
sequence. The reserved capacity is for two different PABX numbers with a maximum of 2 digits each. 


Program procedure: P -R-d1,d9 Rd3d4. 


Notepad 


In the conversation mode the notepad procedure will overwrite the extended redial buffer, without 
dialling-out digits. After hook-off this number can be recalled through the extended redial buffer. 


Store procedure :P-P-TNP 
Dial >P-R 


Flash (see Fig. Ab) 


Flash or register recall is activated by the flash key which results in a timed line break at output pin 
DP/FL. This line break is of a fixed 95 or 650 ms duration in both pulse and DTMF dialling modes. 
In the dialling procedure a flash entry will initialize the IC and thus the working register which acts 
like a chip enable procedure. 


Memory clear 


A built-in manually total memory clear to facilitate resetting of the autodial RAM after servicing, 
maintenance or telephone set delivery. 


Procedure: hook-on, press and keep depressed keys 2, 5, 8, 0; 
hook-off, release keys 2,5, 8, 0. 
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Program security 


Security measures are incorporated in the IC to avoid incorrect dialling operations and hang-ups. 

The program has a built-in RAM check procedure to protect the autodial numbers stored in the RAM. 
If one or more bits of this RAM are changed during standby or the battery falls below 1,3 V (typ.), 
this will result in a memory clear to avoid subsequent incorrect dialling. 


Diode options 


There are 4 different diode or strap options which are an extension of the keyboard matrix. Addressing 
is via the 4 columns and diode pins. 
There are two possibilities: 


@® Without diode 
@ With diode (cathode on row-side) 


The built-in selections are shown in Table 2. 


Table 2 Diode option selections 


tone burst 100,100 ms 70,70 ms 

break, make-time 60,40 ms 67,33 ms — 

access pause 35 5s pulse dialling 
access pause 1,5s 2,5s DTMF dialling 


95 ms 650‘ms 


flash time 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage (pin 28) VDD —0,8to+8 V 
All input voltages Vi 08toVpp +08 V 
D.C. current into any input of output +1},+lQ max. 10 mA 
Total power dissipation (see note) Ptot max. 500 mW 
Power dissipation per output PO max. 50 mW 
Storage temperature range Tstg —65 to+ 150 OC 
Operating ambient temperature range Tamb —25 to+70 OC 
Operating junction temperature Tj max. 125 OC 
Note 
Thermal resistance (junction to ambient) 
for SOT-117 Rthj-a max. 120 K/W 
for SOT-136A Rthj-a max. 150 K/W 
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- | Input voltage HIGH © 


D.C. CHARACTERISTICS 


VDp = 2,5 to 6 V; Vss = 0 V; Tamb = --25 to + 70 °C; all voltages with respect to Vss; 
f = 3,58 MHz with Rs = 50 Q; unless otherwise specified 


[prone *dmbt min[ | mem | wn 


Supply voltage | i 
operating 
STOP mode for RAM retention 


Supply current 
dialling mode 
at Vpp =3 V 


conversation mode 
atVpp =3 V 


STOP mode* 

at Vpp = 1,8 V; Tamb = 25 OC 
at Vpp = 1,8 V; Tamb = 55 OC 
at Vpp = 1,8 V; Tamb = 70 OC 


RESET 1/O 
Switching level — 


Sink current 
at VDD > VRESET 


Inputs 
Input voltage LOW 


Input leakage current 
at Vss < Vi <Vpp 


Outputs 


Output voltage LOW 
at V} =Vssor Vpp; llol <1uUA 
Output sink current LOW 
at Vpp =3 V: Vo=0A V 
Pull-up output source current HIGH 
(except SDA, SCL) 
at Vpp =3 V; Vo =0,9Vpp 
at Vpp =3V; Vo=Vss 


* Crystal connected between XTAL 1 and XTAL 2; SCL and SDA pulled to Vpp via 5,6 kQ. resistor; 
CE and PD/DTMF at Vss. 
** Because RAM is cleared if POR is activated by software, this value must be max. VRES_ET. 
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Table 3 Timing data 


parameter 


Reset delay time 
Reset delay time during access pause 
Keyboard debounce time 


Flash time 


Pulse dialling 
Dial frequency 
Break/make time 
Interdigit pause 
Access pause 


Mute hold-over time “ 


DTMF dialling 


Tone transmission time 


Tone pause time 

Mute hold-over time during dialling 
Mute hold-over time during access pause 
Access pause 


4 Only during access pause. 


min. 100 or 
key-down time 


min. 100 
80 + tp 

1 

1,5 


PCD3315/503 


min. 70 or 
key-down time 


min. 70 
80 + ty 
1 

2,5 
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KEYBOARD | | 
ENTRY Aer a erect 


contact | 
bounce time 


M1 


DP/FL 


<—___—_——--—- DIALLING MODE 


ee ao dda CONVERSATION = STATIC 
MODE STANDBY 
(await dialling tone) 7280781 MODE 


Fig. 4a Timing diagram for pulse dialling mode, defined by PD/DTMF = LOW (Vss). 
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Fig. 4b Timing diagram for DTMF dialling mode, defined by PD/DTMF = HIGH (Vpp). 
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DEVELOPMENT DATA 


This data sheet contains advance information and PCD3315C 


specifications are subject to change without notice. 


CMOS MICROCONTROLLER FOR TELEPHONE SETS 


GENERAL DESCRIPTION 


The PCD3315C is a single-chip 8-bit microcontroller fabricated in CMOS and is a member of the 
PCD3343 family. It has special on-chip features for application in telephone sets. 


Features 


8-bit CPU, ROM, RAM, I/O ina single 28-lead DIL or SO package 

1536 ROM bytes 

160 RAM bytes 

20 quasi-bidirectional 1/O port lines __ 

Two test inputs: one of which is also the external interrupt input (CE/TO) 
Single-level vectored interrupts: external, timer/event counter 

8-bit programmable timer/event counter 

Over 80 instructions (based on MAB8048, MAB8400, PCD3343 and PCF8500) 
All instructions 1 or 2 cycles | 
Clock frequency 100 kHz to 10 MHz 

Single supply voltage from 1,8 V to6 V 

Low standby voltage and current 

STOP and IDLE mode 

On-chip oscillator with output drive capability for peripherals 

Configuration of all 1/O port lines individually selected by mask: pull-up, open drain or push-pull 
Power-on-reset circuit and low supply voltage detection 

Reset state of all ports individually selected by mask 

Operating temperature range: —25 to + 70 °C 


PACKAGE OUTLINES 


PCD3315CP: 28-lead DIL; plastic (SOT-1 17). 
PCD3315CT: 28-lead mini-pack; plastic (SO-28; SOT-136A). | 
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PORT 1 
BUFFER 


Po3-Po9 RESIDENT ROM 


(pins 2,1, 27, 26) 


PORT 2 
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PORT 2 
LATCH 


1536 BYTES 


PORT 0 
BUFFER 


PORTO 
LATCH 


MULTIPLEXER 
| _REGISTERO 0 


REGISTER 1 
REGISTER 2 
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_MEMORY 
BANK 


FLIPFLOPS 
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PROGRAM 
COUNTER 
(8) 


TIMER/ 
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COUNTER 

(8) 
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PROGRAM 
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| | le 


=) 
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INSTRUCTION 
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& 


REGISTER 5 
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_ REGISTER 7 


DECODER 
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+— 
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x. CONTROL & TIMING ACC BIT 
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Fig. 1 Block diagram; PCD3315C. 
— Sn ee ae ee eS a, ee, cea | eet ee rr ne ee ee ee) 
| | 
| | 
| CLK | 
| PEN | PSEN 
ee | 
| HALT | 
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y | 
a | 
7286142 
(a) (b) 
Fig. 1a Replacement of dotted part in Fig.1, _—-~*Fig. 1b Replacement of dotted part in Fig. 1, 
for the PCD8500F bond-out version. for the PCF8500B ‘Piggy-back’ version. 
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CMOS microcontroller for telephone sets PCD3315C 


PINNING 


PIN DESIGNATION 


3 
4-11] 
12 


13 


14 
15 


16 
17 


18-25 
26, 27, 1,2 
28 


n.c. 
POO-P07 
CE/TO 


T1 


Vss 
XTAL 1 


XTAL 2 
RESET 


P10-P17 
P20-P23 


VDD 


PCD3315C 


7Z97152 


Fig. 2 Pinning diagram: PCD3315C. 


not connected 
Port 0: 8-bit quasi-bidirectional |/O port. 


Interrupt/Test 0: external interrupt input (sensitive to positive-going edge 
edge) /test input pin; when used as a test input directly tested by 
conditional branch instructions JTO and JNTO. : 


Test 1: test input pin, directly tested by conditional branch instructions 
JT1 and JNT1. T1 also functions as an input to the 8-bit timer/event 
counter, using the STRT CNT instruction. 


Ground: circuit earth potential. 


Crystal input: connection to timing component (crystal) which determines 
the frequency of the internal oscillator; also the input for an external 
clock source. 


connection to the other side of the timing component. 


Reset input: used to initialize the processor (active HIGH), or output of 
power-on-reset circuit. 


Port 1: 8-bit quasi-bidirectional 1/O port. 
Port 2: 4-bit quasi-bidirectional !/O port. 
Power supply: 1,8 V to 6 V. 


June 1985 


PCD3315C 


D.C. CHARACTERISTICS 


Vpp = 2,5 to 6 V; Vgs = 0 V; Tamb = —25 to + 70 OC; all voltages with ee to Vsg; f = 3,58 MHz 
with Rs = 50 22; unless otherwise specified. 


Supply voltage 
operating — 
STOP mode for RAM retention 


Supply current 
operating 
at Vpp =3 V 


IDLE mode 
at Vpp =3 V 


STOP mode (note 1) 
at Vop = 1,8 V; Tamb = 25 OC 


at Vpp = 1,8 V; Tamb = 55 PC 
at Vpp = 1,8 V; Tamb = 70 OC” 


RESET t/O 
Switching level 


Sink current 
at Vpp > VRESET 


inputs 
Input voltage LOW 
Input voltage HIGH 
Input leakage current 
at Vssg < Vi <Vpp 
Outputs. 
Output voltage LOW 
at Vj = Vssor Vpp: Ilol << 14A. 
— Output sink current LOW 
at Vpp =3 V; V9 = 0,4 V 
Pull-up output source current HIGH 
at Vpp =3 V; Vo =0,9Vpp 
at Vpp = 3 V; Vo = Vss 


Push-pull output source current HIGH 
at Vpp = 3 V; Vo = Vpp—0,4 V 


Note 1 


Crystal connected between XTAL 1 and XTAL 2; pin 2 pulled to VDD via 5,6 kQ resistor; 
CE and T1 at Vss. 
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C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT 


The PCD3320 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton 
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived 
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be 
retained in a RAM for redial. A delayed reset is built-in for line power breaks. 


The circuit has the following features: 
@ Operation from 2,5 V to 6 V supply. 

Static standby operation down to 1,8 V. 

Low current consumption; typ. 40 pA. 

Low static standby current; typ. 1 pA. 

On-chip oscillator for 3,58 MHz crystal. 

Fully decoded and debounced inputs for 3 x 4 matrix keyboard. 
All inputs with pull-up/pull-down (except CE). 

23-digit capacity for redial operation. 

Circuit reset for line power breaks; > 160 ms. 

Dialling pulse frequency: 10 Hz. 
Test pulse frequency: 932 Hz. 

Hold facility for lengthening the inter-digit period. 

Memory overflow possibility (with internally disabled redial). 
All inputs are internally protected against electrostatic charges. 


High input noise immunity. 


PACKAGE OUTLINES 


PCD3320P : 18-lead DIL; plastic (SOT-102GE). 
PCD3320D: 18-lead DIL; ceramic (SOT-133B). 
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Fig. 1 Pinning diagram. 

PINNING 

1 VppD positive supply 

10 Vss negative supply 

Inputs a 

5 FO1 the dialling pulse frequency is defined by the logic state of this input 

7 CE Chip Enable; used to initialize the system; to select between the operational 
mode and the static standby mode; to handle line power breaks. | 

11 X1 | . 

12 X2 column keyboard inputs with pull-down on chip 

13 X3 | | 

14 Y1 

15 Y2 ; : 

16 Y3 row keyboard inputs with pull-up on chip 

17 Y¥4 | | 

18 HOLD interrupts dialling after completion of the current digit or immediately 
following an inter-digit pause (tjq); further keyboard data will be accepted 

Outputs 

2 DP Dialling Pulse; drive of the external line switching transistor or relay 

3 M1 Muting; normally used for muting during the dialling sequence 

4 M1 inverted output of M1 _ 

6 M3 AND function, with DP and M1 as input, for direct drive of a switching 
transistor for dialling pulses and muting. 

Oscillator 

8 OSC IN 


9 OSC OUT | input and output of the on-chip oscillator 
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PROGRAMMABLE TIMING 
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M1 
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M3 


OUTPUT Vop 
COUNTER KEYBOARD 
DECODER 10 
Vss 
Tifa hala fehele 
7283 264.2 
DP X1 X2 X3 Y1 Y2 Y3 Y4 


Fig. 2 Block diagram. 


FUNCTIONAL DESCRIPTION (see also Fig. 2) 

Clock oscillator (OSC IN, OSC OUT) 

The time base for the PCD3320 is a crystal controlled on-chip oscillator which is completed only by 
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency 
divider of which the division ratio can be externally set by input FO1 to provide one of two chip system 
clocks; the ‘normal’ clock frequency (FO1 = LOW) and the test frequency (FO1 = HIGH). 


Alternatively, the OSC IN input may be driven from an external clock signal. 
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Chip Enable (CE) 
The CE input is used to initialize the chip system. 


CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal 
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The 
keyboard input is inhibited, but data previously entered is saved in the RAM. 


When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be 
entered from the keyboard. 


If the CE input is taken to a LOW level for more than the time tg (see Figs 5 and 6 and timing data) 
an internal reset pulse will be generated at the end of the t-q period. The system is then in the static 
standby mode. Short CE pulses of < trg will not affect the operation of the circuit. No reset pulses are 
then produced. 


Debouncing keyboard entries 


The column keyboard inputs to the integrated circuit (X,,) and the row keyboard inputs (Y,,) are for 
direct connection to a 3 x 4 single contact keyboard matrix (with or without common contact) as 
shown in Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is 
decoded into a 4-bit binary keycode by the keyboard decoder when one column input is connected to 
one row input or, when one column input is set HIGH and one row input is set LOW. Any other input 
combinations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the 
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary 
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock 
pulse periods (entry period tg). The next keyboard entry will not be accepted until the previously 
closed contact has been open for three or four clock pulse periods. The one clock pulse period of 
uncertainty in the debouncing process arises because keyboard entries are not detected until the 
trailing edge of the first clock pulse after the entry. 


Data entry 


After each keyboard entry has been debounced and decoded, the keycode is written into the RAM, 
and the WAC is incremented by one to select the next RAM location where the next keycode will be 
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER 
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled. 
Consequently, the difference between the contents of the WAC and of the RAC represents the number 
of keycodes that have been written into the RAM but not yet converted into line pulses. If more than 
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the 
data in the lower numbered RAM locations. In this event, since an erroneous number is stored, 
automatic redialling is inhibited until the WAC has been reset by the first digit entry of the next 
telephone call. 

If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the 
corresponding keycode is written into the first RAM location, and the WAC is then incremented by one. 
If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored in the 
RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. During 
redial no keyboard entry will be accepted and stored in the RAM. But, when all in the RAM stored 
numbers have been pulsed out, new keyboard entry will be accepted, stored in the RAM and converted 
into correctly timed dialling pulses. | | 
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Fig. 3 Single contact keyboard. Fig. 4 Double contact keyboard. 
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Fig. 5 Timing diagram showing clock start-up, keyboard entry debouncing 
and the effect of interrupting the supply to CE during the transmission of 
dialling pulses. | 


N.B.: CL and M2 are internal signals. 
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C-MOS interrupted current-loop dialling circuit PCD332 QO. 


Dialling sequence 


The dialling sequence can be initiated under either of the following two conditions: 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts 
(power supply before keyboard entry); see Fig. 6. 


Then, approximately 4 ms (to,) after CE goes HIGH, the clock pulse generator starts and, ten clock 
pulse periods (tg) later, a prepulse with a duration of ten clock pulse periods (tq) appears at outputs 
M1 and M3. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it 
switches to the de-muted position so that the circuit is then in the conversation mode whilst the 
subscriber awaits the dialling tone. When the first digit of the required number is entered at the 
keyboard, data entry period te commences. 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in 
series with a common keyboard contact (Fig. 7). 


When the first digit of the required number is entered at the keyboard, the common keyboard contact 
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (to,) after CE goes 
HIGH, the clock pulse generator starts and data entry period te commences. After period te, M1 goes 
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the 
muting circuit controlled by M1. 


The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has 
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit 
pause (tjq) ensues. M2 then goes HIGH (M2 is an internally generated signal, used for explanation 
only), the RAC addresses the RAM and the first keycode is !oaded into the register of the output 
counter which generates the appropriate number of correctly-timed dialling pulses at cutputs DP and 
M3. When the digit has been pulsed out, M2 goes LOW, the RAC is incremented by one and the 
procedure repeats until the WAC and RAC contents are equal (all digits pulsed out). Output M1 then 
goes LOW, the circuit assumes the conversation mode. The circuit reverts to the static standby mode 
if CE goes LOW for more than the reset delay time (t-g = 1,6 dialling pulse periods) at any time 
during the conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW 
although Vpp is maintained by a back-up supply (e.g. because an external diode isolates CE from the 
back-up supply connected to Vpp). The RAM retains its contents for subsequent automatic redialling 
as long as the back-up supply maintains Vpp above Vppo = 1,8 V. 
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* oscillator off. 
all registers except WAC reset. 
keyboard input inhibited. 
number stored in RAM until Vpp < 1,8 V. 


Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply 
via the cradle contacts). M2 is an internal signal. 
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Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the 
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after 
point A. M2 is an internal signal. | 
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Hold function 


As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be 
prolonged under the control of external equipment. When the HOLD input is set HIGH, the dialling 
pulse-train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out. 
In the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in 
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on M3 
and DP until the HOLD input is set LOW again and an inter-digit pause has elapsed. 
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| | | | 
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| | | | 
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= a | | | 
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tm Ih pt te bd ] | 
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Fig. 8 Timing diagram showing the effect of activating the HOLD input during the transmission of 
dialling pulses. M2 is an internal signal. 
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RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 

Supply voltage Vpp —0,3to8 V 
Voltage on any pin V\ Vss—0,3 to Vpp + 0,3 V 
Operating ambient temperature range Tamb —25to +70 °C 
Storage temperature range T stg —55 to+ 125 °C 


CHARACTERISTICS 


Vpp =3 V: Vss = 0 V; crystal parameters: foe = 3,58 MHz, Romax = 100 2 (note 3); Tampb = 25 OC; 
unless otherwise specified 


Operating supply voltage Vpp 2,5 3 6 V 
Standby supply voltage Tamb =—25 to + 70 °C 
(note 1) VpDO 1,8 _ 6 V 
Operating supply current IDp — 40 — LA CE = HIGH; notes 2, 3 
CE = HIGH; Vnn=6V; 
Ipp = 50 100 uA Soeoo8 DD 
Standby supply current Ippo |- 1 5 LA CE = LOW; note 2 
_ - Vpop =18V 
IDDO 2 a Tamb = —25 to + 70 °C 
Input voltage LOW V — — 0,3 V 
’ : be DE 1.8 V<Vpp <6V 
Input voltage HIGH Vin O07Vpp —- — | 
Input leakage current; CE 
LOW lip — — 50 nA CE = LOW 
HIGH NH — re 50 nA CE = HIGH 
Pull-down input current 
FO1, HOLD ly 30 100 300 nA Vi=Vpp 


Matrix keyboard operation 


Keyboard current Ik = 10 — uA | X connected to Y, 


| CE = HIGH 
Keyboard ‘ON’ resistance | RKON |— — 500 2 contact ON; note 4 
Keyboard ‘OFF’ resistance | Rxorr | 1 — — M&2Q| contact OFF; note 4 
Other keyboard operation 
Input current for X, ‘ON’ | Iyy — — 30 LA V,;=1,5to3V 
Input current for Y, ‘ON’ | —lyy 10 — — uA V,;=O0to2,5V 
Input current Y, —l — — 0,7 mA} V,=Vss 
Output sink current lOL 0,7 £5 33,2 mA VoL =9,5 V 
Output source current —lIOH | 0,65 1,3 2,7 mA VoH=2,5 V 
Notes 
1. Vppo = 1,8 V only for redial. 3. Stray capacitance between pins 8 and 9 <3 pF. 
2. All other inputs and outputs open. 4. Guarantees correct keyboard operation. 
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TIMING DATA | 
Vpp =3V; Vss = 0 V; crystal parameters: fos = 3,58 MHz; Rgmax = 100 2 


ae ewe Ce 


Clock start-up time Figs 6, 7; note 4 
Initial data entry time 
(tj = ton + te) 1 1 FO1 _ LOW P 
FO1=HIGH { °'% / 


TIMING DATA II (exact values) 
Vop = 2,5 to 6 V; Vss = 0 V; fos = 3,58 MHz 


symbol | FO1=LOW | FO1= HIGH conditions 
(dialling) (testing) 


Dialling pulse frequency fpp ; : note 2 
Dialling pulse period; 1/fpp : : Figs 6, 7 
Prepulse duration; 1/3 x Tpp ; Figs 6, 7 
Inter-digit pause; 8 x Tpp , Figs 6, 7 
Break time; 3/5 x Tpp : : Fig. 6 
Make time; 2/5 x Tpp ; ; Fig. 6 


Debounce time 
min. 4/30 x Tpp a ; Fig. 5 
max.; 1/6 x Tpp ; : Fig. 5 


Reset delay time; 1,6 x Tpp | ; Figs 5,6, 7 


Notes 


1. Stray capacitance between pins 8 and 9 < 3 pF. 
2. Exactly 10 Hz and 920 Hz respectively when a 3,5328 MHz crystal is used. 
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TYPICAL CURVES 


7Z88360 


7288361 


Fig. 9 Standby supply current as a Fig. 10 Operating supply current as a 
function of standby supply voltage. function of operating supply voltage. 


7288362 7Z88363 


0 1 2 wiv) 3 0 2 4 By pive 
Fig. 11 Pull-down input current as a Fig. 12 Pull-down input current as a 
function of input voltage at Vpp =3 V. function of supply voltage at V; = Vpp. 
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TYPICAL CURVES (continued) 
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Fig. 13 Keyboard current as a 
function of supply voltage; 
X-pins connected to Y-pins. 


Fig. 15 Output (N-channel) sink 


characteristics for M1, M1, M3 and DP. — 


Curves for Figs 15 and 16 
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Fig. 14 Keyboard input characteristics 
at Tamb = 25 OC. 


7288367 


Fig. 16 Output (P-channel) source 
characteristics for M1, M1, M3 and DP. 


PCD3321 


C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT 


The PCD3321 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton 
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived 
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be 
retained in a RAM for redial. A delayed reset is built-in for line power breaks. 


The PCD3321 can regenerate access pauses during redial. During the original entry, access pauses are 
stored either automatically or via the keyboard. A regenerated access pause can be terminated during 
redial in three ways: automatically after a built-in time, or via the keyboard, or with an external dial 
tone recogniser circuit. This makes the circuit very suitable for redial in PABX (Private Automatic 
Branch Exchange) systems. The PCD3321 is pin to pin compatible with the DF 320 and the MT4320 
(however, including additional functions). | 


The circuit has the following features: 

Operation from 2,5 V to 6 V supply. 

Static standby operation down to 1,8 V. 

Low current consumption; typ. 40 yA. 

Low static standby current; typ. 1 WA. 

On-chip oscillator for 3,58 MHz crystal. 

Fully decoded and debounced inputs for 3 x 4 matrix keyboard. 
23-digit capacity, including access pauses, for redial operation. 
Memory overflow possibility (with internally disabled redial). 
Selectable dialling pulse frequency: 10 Hz, 16 Hz and 20 Hz. 
Test pulse frequency: 932 Hz. 

Selectable dialling pulse mark/space ratios; 2: 1 or 3: 2. 

Hold facility for lengthening the inter-digit period. 

Circuit reset for line power breaks; > 160 ms (10 Hz dialling pulse frequency). 


Access pause generation automatically or via the keyboard. 


Access pause reset: 
automatically after 3 s (10 Hz dialling pulse frequency), 
via the keyboard, 
with external tone recogniser. 


@ All inputs with pull-up/pull-down (except CE). v 
@ All inputs are internally protected against electrostatic charges. 


@® High input noise immunity. 


_ PACKAGE OUTLINES 


PCD3321P: 18-lead DIL; plastic (SOT-102GE). 
PCD3321D: 18-lead DIL; ceramic (SOT-133B). 
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PINNING 

| VDD 
10 Vss 
Inputs 

4 M/S 
5 FO1 | 
6 FO2 
7 CE 

11 X1 | 
12 X2 

13 X3 J 
14 Y1 | 
15 Y2 

16 Y3 | 
17 Y¥4 

Outputs 

2 DP 

3 M1 

input/output 


18 HOLD/APO 


Oscillator 


8 OSC IN 
9 OSC OUT 


February 1982 


Vop | HOLD/APO 
pp V4 
M14 Y3 
M/S Y¥2 
For |5 | PCD3321 Y1 
FO2 X3 
CE X2 
OSC IN x1 
OSC OUT Vss 


7Z84491.1 
Fig. 1 Pinning diagram. 


positive supply 
negative supply 


controls the mark-to-space ratio of the line pulses 
the dialling pulse frequency is defined by the logic state of these two inputs 


Chip Enable; used to initialize the system; to select between the operational mode 
and the static standby mode; to handle line power breaks 


column keyboard inputs with pull-down on chip 


row keyboard inputs with pull-up on chip 


Dialling Pulse; drive of the external line switching transistor or relay 
Muting; normally used for muting during the dialling sequence 


This pin will go HIGH when an access pause code is read from the memory during 
pulsing and will interrupt dialling. It can also be externally controlled; it will 
interrupt dialling after completion of the current digit or immediately during an 
inter-digit pause (tjq); further keyboard data will be accepted. 


input and output of the on-chip oscillator 


C-MOS interrupted current-loop dialling circuit PCD3321 


OSC IN. OSC OUT FO1 FO2 M/S 


eee 


OSCILLATOR : DIVIDER 


RESET CE 


READ 
ADDRESS 
COUNTER 
24x 4 BIT ADDRESS 
RAM DECODER 7 
(eeasceam ADDRESS CONTROL 
SELECT LOGIC 
WRITE 
INPUT / al, ssn 
OUTPUT ADDRESS EE: | wen / 
COUNTER 
APO 
OUTPUT ie | | ee 
COUNTER KEYBOARD ACCESS 
DECODER PAUSE 10} Wee 
bit hi2 413 14 415 416 417 
DP X1 X2 X3 Y1 Y2 Y3 Y4 7Z84492.1 


Fig. 2 Block diagram. 


FUNCTIONAL DESCRIPTION (see also Fig. 2) 
Clock oscillator (OSC IN, OSC OUT) 


The time base for the PCD3321 is a crystal controlled on-chip oscillator which is completed only by 
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency 
divider of which the division ratio can be externally set (FO1 and FO2) to provide one of four chip — 
system clocks; three ‘normal’ clock frequencies and one higher test frequency. : 


Alternatively, the OSC IN input may be driven from an external clock signal. 
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Chip Enable (CE) 
The CE input is used to initialize the chip system. 


CE = LOW provides the static standby condition. In this mode the clock oscillator i is off and internal 
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The 
keyboard input is inhibited, but data previously entered is saved in the RAM. 


When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be 
entered from the keyboard. 


If the CE input is taken to a LOW level for more than the time t,g (see Figs 5 and 6 and timing data) 
an internal reset pulse will be generated at the end of the t-g period. The system is then in the static 
standby mode. Short CE pulses of < t-g will not affect the operation of the circuit. No reset pulses are 
then produced. 


Debouncing keyboard entries 


The column keyboard inputs to the integrated circuit (X,,) and the row keyboard inputs (Y,,) are for 
direct connection to a 3 x 4 single contact keyboard matrix (with or without common contact) as shown 
in Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is decoded 
into a 4-bit binary keycode by the keyboard decoder when one column input is connected to one row 
input or, when one column input is set HIGH and one row input is set LOW. Any other input combin- 
ations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the 
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary 
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock pulse 
periods (entry period tg). The next keyboard entry will not be accepted until the previously closed 
contact has been open for three or four clock pulse periods. The one clock pulse period of uncertainty 
in the de bouncing process arises because keyboard entries are not detected until the trailing edge of 
the first clock pulse after the entry. 


Data entry 


After each keyboard entry has been debounced and decoded, the keycode is written into the RAM, 
and the WAC is incremented by one to select the next RAM location where the next keycode will be 
stored. As.each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER 
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled. 
Consequently, the difference between the contents of the WAC and of the RAC represents the number 
of keycodes that have been written into the RAM but not yet converted into line pulses. If more than 
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the 
data in the lower numbered RAM locations. In this event, since an erroneous number is stored, auto- 
matic redialling is inhibited until the WAC has been reset by the first digit entry of the next telephone 
call. 


If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the 
corresponding keycode is written into the first RAM location, and the WAC is then incremented by 
one. If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored 

in the RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. 

If the redial pushbutton (#) is operated again during the redialling sequence it will be decoded as an 
Access Pause Reset. This function will be described later during the description of the access pause 
system of the PCD3321. During redial no keyboard entry will be accepted and stored in the RAM. But, 
when all in the RAM stored numbers have been pulsed out, new keyboard entry will be accepted, 
stored at the RAM position after the last digit code of the original entry and converted into correctly 
timed dialling pulses. 
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Fig. 3 Single contact keyboard. Fig. 4 Double contact keyboard. 
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Fig. 5 Timing diagram showing clock start-up, keyboard entry debouncing 


and the effect of interrupting the supply to CE during the transmission of 
dialling pulses. 
N.B.: CL and M2 are internal signals. 


C-MOS interrupted current-loop dialling circuit PCD3321 


Dialling sequence 


The dialling sequence can be initiated under either of the following two conditions: 


@ The supply to the integrated circuit is derived from the Pelepnone lines via the cradle contacts 
(power supply before keyboard entry); see Fig. 6. 


Then, approximately 4 ms (to,) after CE goes HIGH, the clock pulse generator starts and, ten clock 
pulse periods (tq) later, a prepulse with a duration of ten clock pulse periods (tq) appears at output 
M1. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it 
switches to the de-muted position so that the circuit is then in the conversation mode whilst the 
subscriber awaits the dialling tone. When the first digit of the required number is entered at the 
keyboard, data entry period tg commences. 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in 
series with a common keyboard contact (Fig. 7). 


When the first digit of the required number is entered at the keyboard, the common keyboard contact 
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (to) after CE goes 
HIGH, the clock pulse generator starts and data entry period tg commences. After period te, M1 goes 
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the 
muting circuit controlled by M1. 


The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has 
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit 
pause (tjq) ensues. M2 then goes HIGH (M2 is an internally generated signal, used for explanation 
only), the RAC addresses the RAM and the first keycode is loaded into the register of the output 
counter which generates the appropriate number of correctly-timed dialling pulses at output DP. 
When the digit has been pulsed out, M2 goes LOW, the RAC is incremented by one and the procedure 
repeats until the WAC and RAC contents are equal (all digits pulsed out). Output M1 then goes LOW, 
the circuit assumes the conversation mode. The circuit reverts to the static standby mode if CE goes 
LOW for more than the reset delay time (t-gq = 1,6 dialling pulse periods) at any time during the 
conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW although Vpp is 
maintained by a back-up supply (e.g. because an external diode isolates CE from the back-up supply 
connected to Vpp). The RAM retains its contents for subsequent automatic redialling as long as 

the back-up supply maintains Vpp above Vppo = 1,8 V. 
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handset | . handset 
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ot RAC contents = 4 , 
WAC contents 
! ATi 
I | 
tid a ee ee ee nt + td ———»| | 
| l for last digit of number | | 
DIALLING MODE | —————————_—__——_> -—______+|+__ — eae 
CONVERSATION CONVERSATION STATIC 
MODE MODE STANDBY 
(await dialling tone) MODE 
* oscillator off. 7284497.1 


all registers except WAC reset . 
keyboard input inhibited. 
number stored in RAM until Vpp < 1,8 V. 


Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply 
via the cradle contacts). M2 is an internal signal. 


218 February 1982 


C-MOS interrupted current-loop dialling circuit | PCD3321 


handset handset 
lifted replaced 
a a SONS ROL | 
CONTACT ; 


l 

| 
COMMON! | 
CONTAcT__|__| an oe IO ee ae Ra RE EET I Pe Re PO I ea eae ee PE 
Vpp maintained from 
. ! see cee te Sr es ees oat f back-up supply 
VDD | eg ge ee ns 


| 


1 

| 

| 

| 

] 

| | 
te (see Fig.5) : | 
| 

| 

| 

| 

| 

| 


l 
| 
| 
KEYBOARD 
ENTRY etd Te Sees eee eens a 
| 


| 
M2 | bytes We ee Ne ot eae ‘a tam 
J | | | 
| | | | 
| Jd | | 
= | _IFPLeLBL LeeLee. 


! : | | | | 
> | | | 
| (await in 
| dialling . ! | 
A meee OR eee ee OO: Ea | 
| 
] TSA CUVING MD S «  e  ee 
: CONVERSATION STATIC 
MODE STANDBY 
MODE 
7284498 1 


Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the 
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after 
point A. M2 is an internal signal. | 
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Hold function 


As shown in Fig. 8, the hold function allows the interval between consecutive souleed digits to be 
prolonged under the control of external equipment. When the HOLD/APO is set HIGH, the dialling 
pulse-train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out. 
In the hold condition, further keyboard entries will be.accepted, debounced, decoded and stored in 
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on DP 
until the HOLD/APO is set LOW again and an inter-digit pause has elapsed. | 


ppd eas se ! 
| Ee l 
| on ee exeeenrn eee 
l ;t—~*™ 
ee | | 
| ae. | | | 
2 gem Et) ECO 
el Ge ee ee ] | 
—>| a= —>| |< ue pulse oe next digit 
| 1 | 
| start of tig | 
Vpop > Vppo delayed until 
CE = HIGH HOLD/APO tid 
= LOW 
_ — A | Ee 
DIALLING CONVERSATION DIALLING 
MODE MODE MODE 
7Z84496 


Fig. 8 Timing diagram showing the effect of activating the HOLD/APO during the transmission of 
dialling pulses. M2 is an internal signal. 
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Fig. 9 Dialling sequence showing how an access pause code is automatically stored in the RAM for possible redialling if no further key entries are 
_ made until all of the previously entered digits have been transmitted. The dialling sequence continues when another key is pressed. 
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Access pause regeneration during redial 


During original entry, access pause codes can be stored at the appropriate positions in the RAM. 

During redial the Access Pause Output (HOLD/APO)will go HIGH as soon as an access pause code is 

read from the RAM, thereby interrupting dialling until HOLD/APO is made LOW again as described above. 

In this way the normal inter-digit pause with a duration tjg can be replaced by a proper access pause. 

An access pause code is now automatically stored in the RAM during original entry, when M1 goes 

LOW, after all digits so far entered have been transmitted (see Fig. 6). This occurs between entering of 

the trunk exchange code and the subscriber code, whilst the access tone is available. Up to two access 

pauses can be entered into the RAM in this manner. Alternatively, the access pause key (x)-can still be 

pressed to insert (more) access pauses manually (digits + access pauses < 23). 

During redial, access pauses will be automatically regenerated. 

Three methods of terminating an access pause: 

1. Automatically, if the built-in time tap expires; HOLD/APO then goes LOW. 

2. Manually, by pressing the redial key before tap expires. 

3. With an external tone recogniser, by forcing HOLD/APO to LOW or HIGH respectively, for 
shortening or lengthening an access pause. 


M1 eee eee eee 


| 
| 
ee | 
HOLD/APO I | , 
age | rd 
| de-mute mute | 
DIALLING | | | 
TONE Sint Senet eee -- AMM ipa See ener 
| tid | 
—— 
S eeenedlmeetlitmeelineeennnnnmememenenen ol Kon Semen atl Re SRR einen 
DIALLING CONVERSATION DIALLING 
~ MODE MODE MODE 
7284494 


(1) a. Access pause (tap) expires or press redial before end of tap. 
b. HOLD/APO controlled by tone recogniser: 


HOLD/APO forced to LOW before tap expires; access pause < tap 
HOLD/APO forced to HIGH after ta, expires; access pause > tap. 


Fig. 10 Timing diagram showing Access Pause Reset. 
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RATINGS 


PCD3321 


Limiting values in accordance with the Absolute Maximum System (IEC 134) 


Supply voltage 

Voltage on any pin 

Operating ambient temperature range 
Storage temperature range 


CHARACTERISTICS 


Vop —0,3to8 V 
Vy) Vsg—0,3 to Vpp +0,3 V 


Vpp = 3 V; Vss = 0 V; crystal parameters: fog. = 3,58 MHz, Rgmax = 100 Q (note 3); Tampb = 25 OC; 


unless otherwise specified. 


eee |X aa 
2,5 3 6 V 


Operating supply voltage 


Standby supply voltage 
(note 1) 


Operating supply current 


Standby supply current 


Input voltage LOW 
Input voltage HIGH 


Input leakage current; CE 
LOW 


HIGH 


Pull-up input current 
M/S 


Pull-down input current 
FO1, FO2 


Matrix keyboard operation 
Keyboard current 


Keyboard ‘ON’ resistance 

Keyboard ‘OFF’ resistance 
Other keyboard operation 
Input current for X, ‘ON’ 
Input current for Yr ‘ON’ 


Input current Y, 


Notes 


1. Vppo = 1,8 V only for redial. 
2. All other inputs and outputs open. 


| Tamb = —25 to +70 °C 


CE = HIGH; notes 2, 3 


| CE = HIGH; Vpp =6 V; 
notes 2, 3 


CE = LOW; note 2 


{Vpp=1,8V 


| BV <Vpp <6 V 


CE = LOW 
CE = HIGH 


= Vss 
Vi=Vppb 


{ X connected to Y, 
| CE = HIGH 


contact ON; note 4 
contact OFF; note 4 


V,;=1,5 to3 V 
V,;=0to2,5V 
V1 = Vss 


3. Stray capacitance between pins 8 and 9 <3 pF. 
4. Guarantees correct keyboard operation. 
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CHARACTERISTICS (continued) 


Outputs M1, DP 
sink current 


source current 


Latch output HOLD/APO 
sink current 


source current 


TIMING DATA 
Vpp = 2,5 to 6 V; Ves = 0 V; foge = 3,579545 MHz 


input levels of FO1 and FO2 Veo1 [LOW | HIGH} LOW |HIGH =| 
(Vgg = LOW; Vpp = HIGH) VEo2 HIGH| HIGH conditions 
hed (test mode)| (note 4) 


19,42 | 939,2 


Dialling pulse frequency 
Dialling pulse period 


Clock pulse frequency 


M/S = H; n.c. 
M/S = H; n.c. 
M/S=L 
M/S=L 


-Break time (note 2) 
Make time (note 2) 


Break time (note 3) 
Make time (note 3) 
Inter-digit pause 


Reset delay time 


Access pause time 


Prepulse duration 


Debounce time 
min 


max. 


CE: Vss -> 
Vpp (note 5) 


Clock start-up time 


Initial data entry 
time (typ.) 


Notes | 


1. Exactly 10 Hz with 3,5328 MHz crystal. 

2. Mark-to-space ratio: 3:2. 

3. Mark-to-space ratio: 2:1. 

4. In the n.c. (not connected) condition, the input is drawn to the appropriate state by the internal 
pull-up/pull-down current. 


5. Stray capacitance between pins 8 and 9: <3 pF. 
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TYPICAL CURVES 


7288360 


ZZ 
EZ, 
Fig. 11 Standby supply current as a Fig. 12 Operating supply current as a 
function of standby supply voltage. function of operating supply voltage. 


7Z88362 400 7288363 


Fig. 13 Pull-down input current as a Fig. 14 Pull-down input current as a 
function of input voltage at Vpp = 3 V. function of supply voltage at Vj = Vpp. 
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TYPICAL CURVES (continued) 


7288364 


Vy: Vy (V) 
Fig. 15 Keyboard current as a function Fig. 16 Keyboard input characteristics 
of supply voltage; at Tamb = 25 OC. 
X-pins connected to Y-pins. 
20 7288366 20 7Z88367 


VI 
Lany/4n 
(any 74n08 
TAT 


Vout. © 


Fig. 17 Output (N-channel) sink Fig. 18 Output (P-channel) source 
characteristics for M1 and DP. characteristics for M1 and DP. 


Curves for Figs 17 and 18 
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C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT 


The PCD3322 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton 
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived 
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be 
retained in a RAM for redial. A delayed reset is built-in for line power breaks. 


The circuit has the following features: 

Operation from 2,5 V to 6 V supply. 

Static standby operation down to 1,8 V. 

Low current consumption; typ. 40 yA. 

Low static standby current; typ. 1 WA. 

On-chip oscillator for 3,58 MHz crystal. 

Fully decoded and debounced inputs for 3 x 4 matrix keyboard. 
All inputs with pull-up/pull-down (except CE). 

23-digit capacity for redial operation. | 

Circuit reset for line power breaks; > 160 ms. 

Dialling pulse frequency: 10 Hz. 

Test pulse frequency: 932 Hz. 

Hold facility for lengthening the inter-digit period. 

Memory overflow possibility (with internally disabled redial. 
All inputs are internally protected against electrostatic charges. 


High input noise immunity. 


PACKAGE OUTLINES 


PCD3322P: 18-lead DIL; plastic (SOT-102GE). 
PCD3322D: 18-lead DIL; ceramic (SOT-133B). 


October 1986 227 


228 


PCD3322 


PINNING 

1 VpD 
10 Vss 
Inputs 

6 FO 
7 CE 
11 X1 | 
12 X2 
13 X3 
14 Y1 
15 Y2 
16 Y¥3 
17 Y4 
18 HOLD 
Outputs 

2 DP 
< ren Mi 
4 M1 
5 M2 
Oscillator 


9 OSC OUT 


8 OSC IN 
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7Z86367 
Fig. 1 Pinning diagram. 


positive supply 
negative supply 


the dialling pulse frequency is defined by the logic state of this input 
Chip Enable; used to initialize the system; to select between the operational 
mode and the static standby mode; to handle line power breaks. 


column keyboard inputs with pull-down on chip 


row keyboard inputs with pull-up on chip 


interrupts dialling after completion of the current digit or immediately 
following an inter-digit pause (tjq); further keyboard data will be accepted 


Dialling Pulse; drive of the external line switching transistor or relay 
Muting; normally used for muting during the dialling sequence 

inverted output of M1 | 

strobe; HIGH during pulsing of each digit, LOW during an inter-digit pause 


input and output of the on-chip oscillator 


C-MOS interrupted current-loop dialling circuit PCD3322 


OSC IN. OSC OUT FO1 


OSCILLATOR 


PROGRAMMABLE 
DIVIDER 


TIMING 
COUNTER 


ADDRESS 
COUNTER 


ADDRESS 
DECODER 


24x4 BIT 
RAM 


ADDRESS 
SELECT 


Cw 


CONTROL 
LOGIC 3 


WRITE 
ADDRESS 
COUNTER 


INPUT / 
OUTPUT 


OUTPUT 
COUNTER 


KEYBOARD 
DECODER 


mifahafapeheln 


DP X1 X2 X3 Y1 Y2 Y3 Y4 7Z86368 


Fig. 2 Block diagram. 


FUNCTIONAL DESCRIPTION (see also Fig. 2) 
Clock oscillator (OSC IN, OSC OUT) 


CE 


HOLD 


The time base for the PCD3322 is a crystal controlled on-chip oscillator which is completed only by 
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency 
divider of which the division ratio can be externally set by input FO1 to provide one of two chip system 


clocks; the ‘normal’ clock frequency (FO1 = LOW) and the test frequency (FO1 = HIGH). 


Alternatively, the OSC IN input may be driven from an external clock signal. 
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Chip Enable (CE) 
The CE input is used to initialize the chip system. 


CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal 
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The | 
keyboard input is inhibited, but data previously entered is saved in the RAM. | 


When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be 
entered from the keyboard. 


If the CE input is taken to a LOW level for more than the time tyg (see Figs 5 and 6 and timing data) 
an internal reset pulse will be generated at the end of the t-q period. The system is then in the static 
standby mode. Short CE pulses of < t-q will not affect the operation of the circuit. No reset pulses 
are then produced. 


Debouncing keyboard entries 


The column keyboard inputs to the integrated circuit (X,) and the row keyboard inputs (Y,,) are for 
direct connection to a 3 x 4 single contact keyboard matrix (with or without common contact) as 
shown in Fig.3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is 
decoded into a 4-bit binary keycode by the keyboard decoder when one column input is connected to 
one row input or, when one column input is set HIGH and one row input is set LOW. Any other input 
combinations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the 
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary 
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock 
pulse periods (entry period te). The next keyboard entry will not be accepted until the previously 
closed contact has been open for three or four clock pulse periods. The one clock pulse period of 
uncertainty in the debouncing process arises because keyboard entries are not detected until the 
trailing edge of the first clock pulse after the entry. 


Data entry 


After each keyboard entry has been debounced and decoded, the keycode is written into the RAM, 
and the WAC is incremented by one to select the next RAM location where the next keycode will be 
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER 
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled. 
Consequently, the difference between the contents of the WAC and of the RAC represents the number 
of keycodes that have been written into the RAM but not yet converted into line pulses. If more than 
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the 
data in the lower numbered RAM locations. In this event, since an erroneous number its stored, 
automatic redialling is inhibited until the WAC nae been reset by the first digit entry of the next 
telephone call. 

If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time te, the 
corresponding keycode is written into the first RAM location, and the WAC is then incremented by one. 
If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored in the. 
RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. During 
redial no keyboard entry will be accepted and stored in the RAM. But, when all in the RAM stored 
numbers have been pulsed out, new keyboard entry will be accepted, stored in the RAM and converted 
into correctly timed dialling pulses. | 


230 February 1982 


C-MOS interrupted current-loop dialling circuit | PCD3322 


common (left open) 


Y 1 


Y2 


Y3 


7283265 


# Redial. Y4 


X3 


X2 
7283266 x1 


Fig. 3 Single contact keyboard. Fig. 4 Double contact keyboard. 
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N.B.: CL is an internal signal. 
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Dialling sequence 


The dialling sequence can be initiated under either of the following two conditions: 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts 
(power supply before keyboard entry); see Fig. 6. 


Then, approximately 4 ms (to,) after CE goes HIGH, the clock pulse generator starts and, ten clock 
pulse periods (tg) later, a prepulse with a duration of ten clock pulse periods (tq) appears at output M1. 
This prepulse ensures that, if a polarized muting relay with two stable positions is used, it switches to 
the de-muted position so that the circuit is then in the conversation mode whilst the subscriber awaits 
the dialling tone. When the first digit of the required number is entered at the keyboard, data entry 
period te commences. 


@ fhe supply to the integrated circuit is derived from the telephone lines via the cradle contacts in 
series with a common keyboard contact (Fig. 7). 


When the first digit of the required number is entered at the keyboard, the common keyboard contact 
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (to,) after CE goes 
HIGH, the clock pulse-generator starts and data entry period te commences. After period te, M1 goes 
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the 
muting circuit controlled by M1. 


The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has 

been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit 

pause (tjq) ensues. M2 then goes HIGH, the RAC addresses the RAM and the first keycode is loaded 
into the register of the output counter which generates the appropriate number of correctly-timed 
dialling pulses at output DP. When the digit has been pulsed out, M2 goes LOW, the RAC is incremented 
by one and the procedure repeats until the WAC and RAC contents are equal (all digits pulsed out). 
Output M1 then goes LOW, the circuit assumes the conversation mode. The circuit reverts to the static 
standby mode if CE goes LOW for more than the reset delay time (t-g = 1,6 dialling pulse periods) at any 
time during the conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW 
although Vpp is maintained by a back-up supply (e.g. because an external diode isolates CE from the 
back-up supply connected to Vpp). The RAM retains its contents for subsequent automatic redialling 
as long as the back-up supply maintains Vpp above Vppo = 1,8 V. 
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all registers except WAC reset. 
keyboard input inhibited. 
number stored in RAM until Vpp < 1,8 V. 


Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply 
via the cradle contacts). 
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Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the 
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after 
point A. 
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Hold function 

As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be 
prolonged under the control of external equipment. When the HOLD input is set HIGH, the dialling 
pulse-train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out. 
in the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in 
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on DP - 
until the HOLD input is set LOW again and an inter-digit pause has elapsed. 


a ee 
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Fig. 8 Timing diagram showing the effect of activating the HOLD input during the transmission of 
dialling pulses. | 
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RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 

Supply voltage Vpp —0,3to8 V 
Voltage on any pin Vy Vss—0,3 to Vpp + 0,3 V 
Operating ambient temperature range Tamb —25 to + 70 °C 
Storage temperature range T stg —55 to + 125 OC 


CHARACTERISTICS 


Vpp =3 V; Vss = 0 V; crystal parameters: fog = 3,58 MHz, Rgmax = 100 2 (note 3); Tamb = 25 OC; 
unless otherwise specified 


Operating supply voltage 


Standby supply voltage Tamb = —25 to + 70 PC 
(note 1) 
Operating supply current CE = HIGH; notes 2, 3 
ie = HIGH; Vpp =6 V: 
notes 2,3 
Standby supply current CE = LOW; note 2 
Vpop = 18 V 


Input voltage LOW 18V<Vpp <6 V 


Input voltage HIGH 


Input leakage current; CE 
LOW CE = LOW 


HIGH CE = HIGH 


Pull-down input current | 
FO1, HOLD Vi=Vpp 


Matrix keyboard operation 


X connected to Y, 
CE = HIGH 


Keyboard ‘ON’ resistance contact ON; note 4 
Keyboard ‘OFF’ resistance contact OFF; note 4 


Keyboard current 


Other keyboard operation 

Input current for Xp, ‘ON’ Vj; =1,5to3 V 
Input current for Y, ‘ON’ V,;=O0to2,5V 
Input current Ypy, Vi=Vss 
Output sink current | VoL =90,5 V 
Output source current VoH =2, V 


Notes 
1. Vppo = 1,8 V only for redial. 3. Stray capacitance between pins 8 and 9 < 3 pF. 
2. All other inputs and outputs open. 4. Guarantees correct keyboard operation. 
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TIMING DATA | 
Vpp = 3 V; Vss = 0 V; crystal parameters: fogo = 3,58 MHz; # ismax = 100 2 


Clock start-up time Figs 6, 7; note 1 
- Initial data entry time 
(tj = ton + te) hose FO1 = LOW . 
FO1=HIGH f F'9: 7 


TIMING DATA II (exact values) 
Vpp = 2,5 to 6 V; Vss = 0 V; foge = 3,58 MHz 


symbol; FO1=LOW] FO0O1=HIGH conditions 
(dialling) (testing) 


Dialling pulse frequency fpp , : note 2 
Dialling pulse period; 1/fpp : : : Figs 6, 7 
Prepulse duration; 1/3 x Tpp : Figs 6, 7 
Inter-digit pause; 8 x Tpp ; ; | Figs 6, 7 
Break time; 3/5 x Tpp : : Fig. 6 
Make time; 2/5 x Tpp : : Fig. 6 


Debounce time 
min. 4/30 x Tpp : : Fig. 5 
max.; 1/6 x Tpp , : Fig. 5 


Reset delay time; 1,6 x Tpp | Figs 5, 6, 7 


Notes 
1. Stray capacitance between pins 8 and 9 < 3 pF. 
2. Exactly 10 Hz and 920 Hz respectively when a 3,5328 MHz crystal is used. 
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TYPICAL CURVES 


8 7288361 7288360 


Reeee' 
P| LL pee 
ye 
fx Ao 

2 


0 
0 8 
a (V) 
Fig. 9 Standby supply current as a Fig. 10 Operating supply current as a 
function of standby supply voltage. function of operating supply voltage. 


400 7288363 


Fig. 11 Pull-down input current as a Fig. 12 Pull-down input current as a 
function of input voltage at Vpp = 3 V. function of supply voltage at Vj = Vpp. 
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TYPICAL CURVES (continued) 


7288364 


Fig. 13 Keyboard current asa 
function of supply voltage; 
X-pins connected to Y-pins. 


7288366 


Fig. 15 Output (N-channel) sink 
characteristics for M1, M1, M2 and DP. 


Curves for Figs 15 and 16 


February 1982 


Fig. 14 Keyboard input characteristics 
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Fig. 16 Output (P-channel) source 
characteristics for M1, M1, M2 and DP. 
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C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT 


The PCD3323 isa single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton 
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived 
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be 
retained ina RAM for redial. A delayed reset is built-in for line power breaks. 


The PCD3323 can regenerate access pauses during redial. During the original entry, access pauses are 
stored either automatically or via the keyboard. A regenerated access pause can be terminated during 
redial in three ways: automatically after a built-in time, or via the keyboard, or with an external dial 
tone recogniser circuit. This makes the circuit very suitable for redial in PABX (Private Automatic 
Branch Exchange) systems. 


The circuit has the following features: 

® Operation from 2,5 V to 6 V supply. 

Static standby operation down to 1,8 V. 

Low current consumption; typ. 40 yA. 

Low static standby current; typ. 1 WA. 

On-chip oscillator for 3,58 MHz crystal. 

Fully decoded and debounced inputs for 3 x 4 matrix keyboard. 
23-digit capacity, including access pauses, for redial operation. 
Memory overflow possibility (with internally disabled redial). 
Selectable dialling pulse frequency: 10 Hz, 16 Hz and 20 Hz. 

Test pulse frequency: 932 Hz. 

Selectable dialling pulse mark/space ratios; 2: 1 or3: 2. 

Selectable inter-digit pause (tjg); 8 or 9 times the pulse period (Tpp). 
Hold facility for lengthening the inter-digit period. 

Selectable circuit reset for line power breaks; > 160 ms or > 320 ms (10 Hz dialling pulse frequency). 
Access pause generation automatically or via the keyboard. 


Access pause reset: 
automatically after 3s or 6 s (10 Hz dialling pulse frequency), 
via the keyboard, 
with external tone recogniser. 


@ All inputs with pull-up/pull-down (except CE). 
@ All inputs are internally protected against electrostatic charges. 


® High input noise immunity. 


PACKAGE OUTLINES 


PCD3323P : 28-lead DIL; plastic (SOT-117). 
PCD3323D: 28-lead DIL; ceramic (SOT-135A). 
PCD3323T : 28-lead flat pack; plastic (SO-28; SOT-136A). 
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7Z83246.1 
Fig. 1 Pinning diagram. 
PINNING 


1 VpD positive supply 

15 Vss negative supply 

Inputs 

7 M/S controls the mark-to-space ratio of the line pulses 

8 IDP Inter-Digit-Pause; this occurs before each digit appears at the line output; the 

duration (tjg) can be controlled with this pin 

9 1 ; : ; 

10 oa | the dialling pulse frequency is defined by the logic state cf these two inputs 

12 CE Chip Enable; used to initialize the system; to select between the operational 
| mode and the static standby mode; to handle line power breaks 

16 X1 | 

17 X2 column keyboard inputs with pull-down on chip 

18 X3 J | 

19 RDS Reset Delay Selection; delay select for chip enable (CE) activity. 
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20 AAE Automatic Access Pause Enable; AAE = HIGH: the circuit generates a 
maximum of two automatic pauses; AAE = LOW: only manual pauses 
(via keyboard) are possible 


21 APR Access Pause Reset; when any external circuit makes APR = HIGH, a 
current access pause will be terminated 

22 APD Access Pause Delay; selects the maximum duration of an access pause 
if no external Access Pause Reset appears. 

23 Y1 | 

= Ve row keyboard inputs with pull-up on chip 

vai 

28 HOLD interrupts dialling after completion of the current digit or immediately 
during an inter-digit pause (tjq); further keyboard data will be accepted 

Outputs 

2 CL output of the internal system clock; external forcing is possible for 
frequencies not selectable with FO1/FO2 

3 DP Dialling Pulse; drive of the external line switching transistor or relay 

4 M1 Muting; normally used for muting during the dialling sequence 

5 M1 inverted output of M1 

6 M2 strobe; HIGH during pulsing of each digit, LOW during an inter-digit pause 

11 M3 AND function, with DP and M1 as input, for direct drive of a switching 
transistor for dialling pulses and muting 

27 APO Access Pause Output; this output will go HIGH when an access pause code 
is read from the memory during pulsing. 

Oscillator 


13 OSC IN 
14 OSC OUT | input and output of the on-chip oscillator 
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OSC IN. OSC OUT FO1 FO2 CL M/S RDS 


PROGRAMMAB LE iy TIMING 
OSCILLATOR 


ESET CE 
DIVIDER ides COUNTER 
PCD3323 
T= 
IDP 


Tas, Lt 
COUNTER 


24x4BIT | ADDRESS 

RAM DECODER mee 

A CONTROL 
SELECT LOGIC 


WRITE 
ADDRESS 
COUNTER 


INPUT / 
OUTPUT 


— oO 
S| = 
oneal as 


OUTPUT UY Vpp 
COUNTER KEYBOARD ACCESS 
DECODER oy PAUSE 15} Vice 
16 417 418 423424425 4.26 21420 
DP X1 X2 X3 Y1 Y2 Y3 Y4 apo POnpp AAE 7Z83247.2 


Fig. 2 Block diagram. 


FUNCTIONAL DESCRIPTION (see also Fig. 2) 
Ciock oscillator (OSC IN, OSC OUT) 


The time base for the PCD3323 is a crystal controlled on-chip oscillator which is completed only by 
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency 
divider of which the division ratio can be externally set (FO1 and F02) to provide one of four chip 
system clocks; three ‘normal’ clock frequencies and one higher test frequency. | 

The system clock is available on pin CL and can be used for external logic. External forcing of CL is 
possible for frequencies which are not selectable with FO1/FO2. 

Alternatively, the OSC IN input may be driven from an external clock signal. 
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Chip Enable (CE) 
The CE input is used to initialize the chip system. 


CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal 
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The 
keyboard input is inhibited, but data previously entered is saved in the RAM. 


When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be 
entered from the keyboard. 


If the CE input is taken to a LOW level for more than the time t,q (see Figs 5 and 6 and timing data) an 
internal reset pulse will be generated at the end of the t-q period. The system is then in the static 
standby mode. Short CE pulses of < t-g will not affect the operation of the circuit. No reset pulses 

are then produced. The t,-g pulse duration is selected by the RDS input. 


Debouncing keyboard entries 


The column keyboard inputs to the integrated circuit (X,,) and the row keyboard inputs (Y,,) are for 
direct connection to a3 x 4 single contact keyboard matrix (with or without common contact) as shown in 
Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is decoded 
into a 4-bit binary keycode by the keyboard decoder when one column input is connected to one row 
input or, when one column input is set HIGH and one row input is set LOW. Any other input combin- 
ations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the 
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary 
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock 
pulse periods (entry period tg). The next keyboard entry will not be accepted until the previously 
closed contact has been open for three or four clock pulse periods. The cne clock pulse period of 
uncertainty in the debouncing process arises because keyboard entries are not detected until the 
trailing edge of the first clock pulse after the entry. 


Data entry 


After each keyboard entry has been debounced and decoded, the keycode is written into the RAM, 
and the WAC is incremented by one to select the next RAM location where the next keycode will be 
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER 
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled. 
Consequently, the difference between the contents of the WAC and of the RAC reorents the number 
of keycodes that have been written into the RAM but not yet converted into line pulses. If more than 
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the 
data in the lower numbered RAM locations. In this event, since an erroneous number is stored, 
automatic redialling is inhibited until the WAC has been reset by the first digit entry of the next 
telephone call. 

If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the 
corresponding keycode is written into the first RAM location, and the WAC is then incremented by 
one. If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored in 
the RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. 

If the redial pushbutton (#) is operated again during the redialling sequence it will be decoded as an 
Access Pause Reset. This function will be described later during the description of the access pause 
system of the PCD3323. During redial no keyboard entry will be accepted and stored in the RAM. But 
when all in the RAM stored numbers have been pulsed out, new keyboard entry will be accepted, 
stored at the RAM position after the last digit code of the original entry and converted into correctly 
timed dialling pulses. 


a 
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* Access pause set. 


# Redia! or Access Pause Reset. 


Fig. 3 Single contact keyboard. 
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common (left open) 
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Fig. 4 Double contact keyboard. 
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Dialling sequence 
The dialling sequence can be initiated under either of the following two conditions: 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts 
_ (power supply before keyboard entry); see Fig. 6. 


Then, approximately 4 ms (to,) after CE goes HIGH, the clock pulse generator starts and, ten clock 
pulse periods (tq) later, a prepulse with a duration of ten clock pulse periods (tq) appears at outputs 
M1 and M3. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it 
switches to the de-muted position so that the circuit is then in the conversation mode whilst the 
subscriber awaits the dialling tone. When the first digit of the required number is entered at the 
keyboard, data entry period tg commences. 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in 
‘series with a common keyboard contact (Fig. 7). 


When the first digit of the required number is entered at the keyboard, the common keyboard contact 
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (top,) after CE goes 
HIGH, the clock pulse generator starts and data entry period tg commences. After period tg, M1 goes 
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the 
muting circuit controlled by M1. 


The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has 
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit 
pause (tjq) ensues. M2 then goes HIGH, the RAC addresses the RAM and the first keycode is loaded 
into the register of the output counter which generates the appropriate number of correctly-timed 
dialling pulses at outputs DP and M3. When the digit has been pulsed out, M2 goes LOW, the RAC is 
incremented by one and the procedure repeats until the WAC and RAC contents are equal (all digits 
pulsed out). Output M1 then goes LOW, the circuit assumes the conversation mode. The circuit reverts 
to the static standby mode if CE goes LOW for more than the reset delay time (t-g = 1,6 or 3,2 dialling 
pulse periods) at any time during the conversation or dialling mode (e.g. because the handset is 
replaced). CE remains LOW although Vpp is maintained by a back-up supply (e.g. because an 

external diode isolates CE from the back-up supply connected to Vpp). The RAM retains its contents 
for subsequent automatic redialling as long as the back-up supply maintains Vpp above Vppo = 1,8 V. 
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* oscillator off. 
all registers except WAC reset . 
keyboard input inhibited. 
number stored in RAM until Vpp < 1,8 V. 


Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply 
via the cradle contacts). 
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Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the 
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after 
point A. 
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Hold function 


As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be 
prolonged under the control of external equipment. When the HOLD input is set HIGH, the dialling 
pulse-train is interrupted as soon as M2 goes LOW tc signal that the current digit has been pulsed out. 
In the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in 
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on M3 
and DP until the HOLD input is set LOW again and an inter-digit pause has elapsed. | 


HOLD can be controlled by the Access Pause Output (see next section). 
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Fig. 8 Timing diagram showing the effect of activating the HOLD input during the transmission of 
dialling pulses. 
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Fig. 9 Dialling sequence showing how an access pause code is automatically stored in the RAM for possible redialling if no further key entries are 
made until all of the previously entered digits have been transmitted. The dialling sequence continues when another key is pressed. 
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Access pause regeneration during redial 


During original entry, access pause codes can be stored at the appropriate positions in the RAM. 
During redial the Access Pause Output (APO) will go HIGH as soon as an access pause code is read 
from the RAM. This can be used to make HOLD = HIGH, thereby interrupting dialling until HOLD is 
made LOW again as described above. In this way the normal inter-digit pause with a duration tjg can 
be replaced by a proper access pause. 


Access pause codes can be stored in two ways: 


@ Manually, with AAE and APR both LOW. In this case access pause codes can only be stored by 
pressing the access pause key (*) between entering the trunk exchange code and the subscriber code, 
or at any other moment an access pause is required. The number of access pauses that can be 
inserted in this manner is only limited by the capacity of the RAM (digits + access pauses < 23). 


® Automatically, with AAE = HIGH and APR = LOW (see Fig. 9). An access pause code is now 
automatically stored in the RAM during original entry, when M1 goes LOW, after all digits so far 
entered have been transmitted (see Fig. 6). This occurs between entering of the trunk exchange code 
and the subscriber code, whilst the access tone is available. Up to two access pauses can be entered 
into the RAM in this manner. Alternatively, the access pause key can still be pressed to insert (more) 
access pauses manually. 


During redial, access pauses will be regenerated only if APR = LOW and with APO connected to HOLD; 
they can be terminated in three ways (see Fig. 10 and next page). 


APR = LOW : 

access pause (tay) expires or 

press redial before end of tap 

APR controlled by tone recogniser : 
set APR HIGH before tap expires 
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Fig. 10 Timing diagram showing Access Pause Reset for APR = LOW or APR is controlled by tone 
recogniser. 


February 1982 253 


PCD3323 


Three methods of terminating an access pause: 


1. Automatically, if the built-in time tap expires; APO then goes LOW; tap can be set to one of two 
values with the Access Pause Delay (APD) select input. 

2. Manually, by pressing the redial key before tap expires. 

3. By making APR = HIGH before tap expires, with an external tone recogniser (see Fig. 11). 
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Fig. 11 Circuit for automatic termination of an access pause during redialling by using a tone 
recogniser to set APR to HIGH for more than 10 us. 


_ Access pauses longer than tap can be obtained by connecting APO to HOLD via a latching device. 
Figure 12 shows a tone recogniser circuit, which automatically terminates access pauses upon receipt 
of the access tone, whether this is before or after tap expires. 
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Fig. 12 Circuit for automatically shortening or lengthening an access pause under the control of a tone 
recogniser. For timing diagram see Fig. 13. 
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Fig. 13 Timing diagram showing automatic shortening or lengthening an access pause; for the circuit see Fig. 12. 
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RATINGS 


Limiting values in accordance with the Absolute Maximum System (IEC 134) 


Supply voltage 

Voltage on any pin 

Operating ambient temperature range 
Storage temperature range 


CHARACTERISTICS 


Vpp —0,3to8 V 
Vi Vss—0,3 to Vpp + 0,3 V 
Tstg —55 to+ 125 °C. 


Vpp = 3 V; Vss = 0 V; crystal parameters: fose = 3,58 MHz, Rgmax = 100 2 (note 3); Tamp = 25 °C; 


unless otherwise specified 


es ee 


Operating supply voltage 


Standby supply voltage 
(note 1) 


Operating supply current 
Standby supply current 


Input voltage LOW 
Input voltage HIGH 


Input leakage current; CE 
LOW 


HIGH 
Pull-up input current 
M/S, APR | | 
Pull-down input current 
IDP, FO1, FO2, HOLD, 
AAE, ADP, RDS 


Matrix keyboard operation 
Keyboard current 


Keyboard ‘ON’ resistance 

Keyboard ‘OF F’ resistance 
Other keyboard operation 
Input current for X, ‘ON’ 
Input current for Y, ‘ON’ 
Input current Yp 


Notes 


1. Vppo = 1,8 V only for redial. 
2. All other inputs and outputs open. 
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Te Tamb = —25 to + 70 °C 


CE = HIGH; notes 2, 3 


CE = HIGH; Vpp =6V; 
notes 2, 3 


{| CE = LOW; note 2 
Vpp =18V 
Tamb = —25 to + 70 °C 

| 1av< Vpop <6 V 


CE = LOW 
CE = HIGH 


V1 =Vss 


Vi=VppD 


{ X connected to Y, 
| CE =HIGH 


contact ON: note 4 
contact OFF; note 4 


V,;=1,5to3V 
V,=0to2,5V 
Vi =Vss 


3. Stray capacitance between pins 13 and 14 <3 pF. 
4. Guarantees correct keyboard operation. 


C-MOS interrupted current-loop dialling circuit PCD3323 


CHARACTERISTICS (continued) 


Outputs M1, M1, M2, M3, DP 
sink current 


0,7 1,5 3,2 mA 
source current 0,65 1,3 2,/ mA 
Outputs CL, APO 


sink current 


50 130 300 pA 
45 110 250 pA 


source current 


TIMING DATA 
Vpp =3 V; Vss = 0 V; fose = 3,58 MHz 


conditions 


Clock start-up time ton , CE: Vss —® Vpop (note) 
APR-hold time tAPRH see Fig. 11 


Note: stray capacitance between pins 13 and 14 <3 pF. 
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TIMING DATA (continued) 
Vpp = 2,5 to. 6 V; Vss = 0 V; fos = 3,579545 MHz 


input levels of FO1 and FO2 
(Vss = LOW; Vpp = HIGH) 


Dialling pulse frequency 
Dialling pulse period 
Clock pulse frequency 
Break time (note 2) 
Make time (note 2) | 
Break time (note 3) 
Make time (note 3) 
Inter-digit pause 


Reset delay time 
Access pause time 


Prepulse duration 


Debounce time 
min. 
max. 
Initial data entry 
time (typ.) 


Notes 


1. Exactly 10 Hz with 3,5328 MHz crystal. 
2. Mark-to-space ratio: 3: 2. 
3. Mark-to-space ratio: 2: 1. 


conditions 
(note 4) 


M/S = H:n.c. 
M/S = H; n.c. 
M/S=L 
M/S=L 
IDP = L: nc. 
IDP=H 
RDS = L; n.c. 
RDS=H 
APD = L; n.c. 
APD =H 


4. In the n.c. (not connected) condition, the input is drawn to the appropriate state by the internal 


pull-up/pull-down current. 
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TYPICAL CURVES 


7288361 


8 
oot | | | | | | | 


> <a 


Fig. 14 Standby supply current as a 
function of standby supply voltage. 


7288362 


Fig. 16 Pull-down input current as a 


function of input voltage at Vpp =3 V. 


PCD3323 


728 
80 8360 


Fig. 15 Operating supply current as a 
function of operating supply voltage. 


400 7288363 


ptt | eet 
P| te tt 


200 


100 


Fig. 17 Pull-down input current as a 
function of supply voltage at V; = Vpp. 
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TYPICAL CURVES (continued) 


7288364 7288365 
ea 
Pee 
oa ee 


ANCE 


0 = 
” Vpn (~ VyiVy (V) 
Fig. 18 Keyboard current as a Fig. 19 Keyboard input characteristics 
function of supply voltage; at Tamb = 25 °C. 


X-pins connected to Y-pins. 


7288367 


Ze 

ae 
aA | | Ree 
WA | VL 


Fig. 20 Output (N-channel) sink | Fig. 21 Output (P-channel) source 
characteristics for M1, M1, M2, M3 and DP. characteristics for M1, M1, M2, M3 and DP. 


Curves for Figs 20 and 21 


Tamb Vpop=3V | Vpp=6 V 
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C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT 


The PCD3324 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton 
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived 
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be 
retained in a RAM for redial. A delayed reset is built-in for line power breaks. 


The PCD3324 can regenerate access pauses during redial. During the original entry, only one access 
pause is stored automatically or several via the keyboard. A regenerated access pause can be terminated 
during redial in three ways: automatically after a built-in time, or via the keyboard, or with an external 
dial tone recogniser circuit. This makes the circuit very suitable for redial in PABX (Private Automatic 
Branch Exchange) systems. The PCD33724 is pin to pin compatible with the DF 320 and the MT4320 
(however, including additional functions). 


The circuit has the following features: 

Operation from 2,5 V to 6 V supply. 

Static standby operation down to 1,8 V. 

Low current consumption; typ. 40 yA. 

Low static standby current; typ. 1 WA. 

On-chip oscillator for 3,58 MHz crystal. 

Fully decoded and debounced inputs for 3 x 4 matrix keyboard. 
23-digit capacity, including access pauses, for redial operation. 
Memory overflow possibility (with internally disabled redial). 
Selectable dialling pulse frequency: 10 Hz, 16 Hz and 20 Hz. 
Test pulse frequency: 932 Hz. 

Selectable dialling pulse mark/space ratios; 2: 1 o0r3: 2. 

Hold facility for lengthening the inter-digit period. 

Circuit reset for line power breaks; > 160 ms (10 Hz dialling pulse frequency). 


Access pause generation automatically or via the keyboard. 


Access pause reset: 
automatically after 3 s (10 Hz dialling pulse frequency), 
via the keyboard, 
with external tone recogniser. 


@ All inputs with pull-up/pull-down (except CE). 
@ All inputs are internally protected against electrostatic charges. 


® High input noise immunity. 


PACKAGE OUTLINES 


PCD3324P : 18-lead DIL; plastic (SOT-102GE). 
PCD3324D: 18-lead DIL; ceramic (SOT-133B),. 
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Vop HOLD/APO 
DP Y4 
M1 Y3 
M/S Y¥2 
FO1 PCD3324 © vl 
FO2 X3 
CE X2 
OSC IN x1 
OSC OUT ss 
7Z84491.1A 
PINNING 3 | Fig. 1 Pinning diagram. 
1 Vpp positive supply 
10 Vss negative supply 
Inputs 
4 M/S controls the mark-to-space ratio of the line pulses 
: as | the dialling pulse frequency is defined by the logic state of these two inputs 
7 CE Chip Enable; used to initialize the system; to select between the operational mode 
_and the static standby mode; to handle line power breaks 
11 X1 : | | 
12 |. X2 | column keyboard inputs with pull-down on chip 
13 X3 
14 Y1 | 
15 Y2 | ; 
16 v3 | row keyboard inputs with pull-up on chip 
17 Y4 
Outputs 
2 DP Dialling Pulse; drive of the external line switching transistor or relay 
3 M1 Muting; normally used for muting during the dialling sequence 
input/output 


18 HOLD/APO This pin will go HIGH when an access pause code is read from the memory during 
| pulsing and will interrupt dialling. It can also be externally controlled; it will 
interrupt dialling after completion of the current digit or immediately during an 
inter-digit pause (tjq); further keyboard data will be accepted. 


Oscillator 


8 OSC IN 
9 OSC OUT 


input and output of the on-chip oscillator 
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OSC IN OSC OUT FO1 FO2 M/S 


: PROGRAMMABLE TIMING 
OSCILLATOR DIVIDER i COUNTER RESET CE 


READ 
ADDRESS 


COUNTER 


24x 4 BIT ADDRESS 


RAM DECODER 
ADDRESS CONTROL M1 


SELECT LOGIC 
WRITE 
| ADDRESS Gunes 18 HOLD/ 


INPUT / 
OUTPUT 


COUNTER 


OUTPUT Ge. 
COUNTER KEYBOARD = ACCESS 
DECODER PAUSE 10 Veg 
i d12 413 414 415 416417 
DP X1 X2 X3 Y1 Y2 Y3 Y4 7Z84492.1A 


Fig. 2 Block diagram. 


FUNCTIONAL DESCRIPTION (see also Fig. 2) 


Clock oscillator (OSC IN, OSC OUT) 


The time base for the PCD3324 is a crystal controlled on-chip oscillator which is completed only by 
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency 
divider of which the division ratio can be externally set (FO1 and FO2) to provide one of four chip 
system clocks; three ‘normal’ clock frequencies and one higher test frequency. 


Alternatively, the OSC IN input may be driven from an external clock signal. 
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Chip Enable (CE) 
The CE input is used to initialize the chip system. 


CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal 
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The 
keyboard input is inhibited, but data previously entered is saved in the RAM. 


When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be 
entered from the keyboard. 


If the CE input is taken to a LOW level for more than the time t,g (see Figs 5 and 6 and timing data) 
an internal reset pulse will be generated at the end of the tq period. The system is then in the static 
standby mode. Short CE pulses of < t-g will not affect the operation of the circuit. No reset pulses are 
then produced. 


Debouncing keyboard entries 


_ The column keyboard inputs to the integrated circuit (X,) and the row keyboard inputs (Y,,) are for 
direct connection to a 3 x 4 single contact keyboard matrix (with or without common contact) as shown 
in Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is decoded 
into a 4-bit binary keycode by the keyboard decoder when one column input is connected to one row 
input or, when one column input is set HIGH and one row input is set LOW. Any other input combin- 
ations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the 
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary 
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock pulse 
periods (entry period tg). The next keyboard entry will not be accepted until the previously closed 
contact has been open for three or four clock pulse periods. The one clock pulse period of uncertainty 
in the debouncing process arises because keyboard entries are not detected until the trailing edge of 
the first clock pulse after the entry. 


Data entry 


After each keyboard entry has been debounced and decoded, the keycode is written into the RAM, 
and the WAC is incremented by one to select the next RAM location where the next keycode will be 
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER 
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled. 
Consequently, the difference between the contents of the WAC and of the RAC represents the number 
of keycodes that have been written into the RAM but not yet converted into line pulses. |f more than 
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the 
data in the lower numbered RAM locations. In this event, since an erroneous number is stored, auto- 
matic redialling is inhibited until the WAC has been reset by the first digit entry of the next telephone 
call. 


If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the 
corresponding keycode is written into the first RAM location, and the WAC is then incremented by 
one. If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored 

in the RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. 

lf the redial pushbutton (#) is operated again during the redialling sequence it will be decoded as an 
Access Pause Reset. This function will be described later during the description of the access pause 
system of the PCD3324. During redial no keyboard entry will be accepted and stored in the RAM. But, 
when all in the RAM stored numbers have been pulsed out, new keyboard entry will be accepted, 
stored at the RAM position after the last digit code of the original entry and converted into correctly 
timed dialling pulses. 
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common (left open) 


Y1 


¥2 


Y3 


7283249 


* Access pause set. 


Y4 
# Redial or Access Pause Reset. 


X3 
X2 


xX 1 
7Z83250 


Fig. 3 Single contact keyboard. Fig. 4 Double contact keyboard. 


March 1983 265 


992 


STATIC : : STATIC 
STANDBY MODE DIALLING MODE STANDBY MODE 
— SS SS [+ 


. 
= 
ta¥) 
3 | —_ 
= CE | nes | L 
Cc 
” 


v 
© 
O 
GW 
GW 
NO 
aN 


| r [ 
oUt 


| 
| | 
further key entries | 
) i 
KEYBOARD ENTRY | |_| : can be accepted | 
CONTACT NOISE “a rt : 7 2 
| | ; 1 decoded dialled digit | | 
1 | i | written into RAM | l l 
DEBOUNCED -_ = | | 
KEYBOARD lpg | | , ; 
ea | | te min | | | 
b+» 
| temax | | 
a ] | 


,| digit pulses |. 
being dialled| 
| 


= HIGH or LOW M2 es 


; _— 728449 
Fig. 5 Timing diagram showing clock start-up, keyboard entry debouncing 2 


and the effect of interrupting the supply to CE during the transmission of 
dialling pulses. 
N.B.: CL and M2 are internal signals. 
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Dialling sequence 


The dialling sequence can be initiated under either of the following two conditions: 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts 
(power supply before keyboard entry); see Fig. 6. 


Then, approximately 4 ms (to,) after CE goes HIGH, the clock pulse generator starts and, ten clock 
pulse periods (tg) later, a prepulse with a duration of ten clock pulse periods (tq) appears at output 
M1. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it 
switches to the de-muted position so that the circuit is then in the conversation mode whilst the 
subscriber awaits the dialling tone. When the first digit of the required number is entered at the 
keyboard, data entry period tg commences. 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in 
series with a common keyboard contact (Fig. 7). 


When the first digit of the required number is entered at the keyboard, the common keyboard contact 
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (to,) after CE goes 
HIGH, the clock pulse generator starts and data entry period tg commences. After period ta, M1 goes 
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the 
muting circuit controlled by M1. 


The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has 
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit 
pause (tjq) ensues. M2 then goes HIGH (M2 is an internally generated signal, used for explanation 
only), the RAC addresses the RAM and the first keycode is loaded into the register of the output 
counter which generates the appropriate number of correctly-timed dialling pulses at output DP. 
When the digit has been pulsed out, M2 goes LOW, the RAC is incremented by one and the procedure 
repeats until the WAC and RAC contents are equal (all digits pulsed out). Output M1 then goes LOW, 
the circuit assumes the conversation mode. The circuit reverts to the static standby mode if CE goes 
LOW for more than the reset delay time (tg = 1,6 dialling pulse periods) at any time during the 
conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW although Vpp is 
maintained by a back-up supply (e.g. because an external diode isolates CE from the back-up supply 
connected to Vpp). The RAM retains its contents for subsequent automatic redialling as long as 

the back-up supply maintains Vpp above Vppo = 1,8 V. 
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handset , handset 
lifted replaced 

CRADLE ee a ee ee 
CONTACT ee A DE CS ER SA RDG a aS, 


| VDD maintained from 
i | a back-up supply 


jt tr |] ted : 
CE | | | | ~b 
| (no effect) ! | 
| prepulse ; | 
M1 \. a | | | L 
{ iof | See a Ee a 
itonttd | | 
ty—el is Il; te 
be 
gs ee a | [a4] | | 
ee | “iy. wes | | a i. | = 
1H 
Eeicmeeil noes E > contact bounce time + te | | 
;. contact | | 
M2 bounce time | ee ee 2 i ee _ | i 
| | leat tra! pay de tgl | 
| | —~| || —| |< —~| =| —-| | | 
‘ | | | | | | 1 | 
DP | | CEs eee i fat f2t]3stfeti | L 
| [iAinges tes y L tadis ry 
eo tb tm | tb tm ak : 
| | | | ! RAC = 4}! | 
I hy ! pee | 
C4 [Ali | | | ! 
| | | | 
: tid Ree Seared  eormey ees eset eens nT + td caceccnia| | 
| | for last digit of number | | 
| | DIALLING MODE | - —————__—______> +--+ |-+,—— iota 
CONVERSATION CONVERSATION STATIC 
MODE MODE STANDBY 
(await dialling tone) MODE 
7284497. 


* oscillator off. 
all registers except WAC reset. 
keyboard input inhibited. 
number stored in RAM until Vpp < 1,8 V. 


Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply 
via the cradle contacts). M2 is an internal signal. 
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lifted replaced 
CRADLE re oe oe 
FC | a ea Ea FIP DURES (D0 nN 
> ton tte 


{ 
COMMON | 
contact___J_ L_ 
| 
| SS rar pr 2 re LTTE, SERGE RSPEI AG ADA OR APE FIST PB TORI KORG LE ECE IE EMSS ET AED 
Vop | | a ie SSS ep rs el 


| 
| ‘ 
| oes PN are eS a SP ee Se | 
CE | | |_| pees eee eee 
—ell<— ton = 


Il clock start time 


V 
g _ back-up supply 


| 
| 
| 
| 
DD Maintained from 
| 
| 
| 
|e tr | 

| 


| 
KEYBOARD [3 | [4] 
ENTRY — —_ ae) 
—e| | 


te (see Fig. 5) 
M2 


DP 


tone) 


| 
| 
| 
| 
| 
| 
| 
| 
| 
| 
| 
| 
I 
| 
| 
| 
| 


| 
——__________——_ DIALLING MODE = ——————__ >» 1+ —_—_____+ |+—_ —— — 
CONVERSATION STATIC 
MODE STANDBY 
MODE 


7284498 1 


| 

| 

| 

| 

ere neem ercen eee 

i | 
| 
(await | ch | 
dialling | A 
| 
| | 

{ 


Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the 
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after 
point A. M2 is an internal signal. 
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Hold function 


As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be 
prolonged under the control of external equipment. When the HOLD/APO is set HIGH, the dialling 
pulse-train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out. 
In the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in 
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on DP 
until the HOLD/APO is set LOW again and an inter-digit pause has elapsed. 


caer 


Mo fT 


=_——_____—______ 
| | | 
M2 _ | | 
| | | 
| th tm | | | 
jo | | | | 
op aL feta 
ti lr tn Leal | 
—_ | —e| |< ant pulse of next digit 
1 | | 
| start of tig | 
Vpp > Vppo delayed until 
CE = HIGH HOLD/APO|._ tid 
= LOW 
—_ — + i 
DIALLING Cl CONVERSATION DIALLING 
MODE MODE MODE 
7284496 


Fig. 8 Timing diagram showing the effect of activating the HOLD/APO during the transmission of 
dialling pulses. M2 is an internal signal. 


270 March 1983 


If there are no further key entries 
before this instant, M1 goes LOW after tq 


and an access pause keycode is | bounce time + te 
written into the RAM. 


KEYBOARD | 
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| dialling sequence restarts 
when another key is pressed 


M1 


DP 


i 
= 
O 
” 
=i 
ot 
@ 
x 
= 
= 
xo} 
a 
‘T) 
= 
= 
=| 
oO 
= 
id 
oy 
2) 
xo) 
= 
a 
= 
(2 
©, 
Lm 3 
‘y) 
a 
+ 


| 7 a <2 ne tq || 


| ato | >| |< 


DIALLING | | | 
ONS - - yy — -- ——— 
HOLD/APO _- 


access pause 
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Fig. 9 Dialling sequence showing how an access pause code is automatically stored in the RAM for possible redialling if no further key entries are 
made until all of the previously entered digits have been transmitted. The dialling sequence continues when another key is pressed. 
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Access pause regeneration during redial 


During original entry, access pause codes can be stored at the appropriate positions in the RAM. 

During redial the Access Pause Output (HOLD/APO)will go HIGH as soon as an access pause code is 

read from the RAM, thereby interrupting dialling until HOLD/APO is made LOW again as described above. 
In this way the normal inter-digit pause with a duration tig can be replaced by a proper access pause. 

An access pause code is now automatically stored in the RAM during original entry, when M1 goes 

LOW, after all digits so far entered have been transmitted (see Fig. 6). This occurs between entering of 
the trunk exchange code and the subscriber code, whilst the access tone is available. Only one access 
pause can be entered into the RAM in this manner. Alternatively, the access pause key (x) can still be 
pressed to insert (more) access pauses manually (digits + access pauses < 23). 

During redial, access pauses will be automatically regenerated. 


Three methods of terminating an access pause: 

1. Automatically, if the built-in time tap expires; HOLD/APO then goes LOW. 

2. Manually, by pressing the redial key before tap expires. 

3. With an external tone recogniser, by forcing HOLD/APO to LOW or HIGH respectively, for 
shortening or lengthening an access pause. 


i | | 
M1 ety a Sa ok Alaficti eke acon 


Max. access pause = tan | 
<—_\—__» 

| | | 

| 


oP tL feL_ Jeli LL 


| 
| | 
ie | 
HOLD/APO [ | , 
— l ee) 
de-mute mute | 
DIALLING | : | 
TONE ce - --\\\\_-- - —+—— 7” 
tid | 
< $$ 
ee kt [| aera ee eyes 
DIALLING | CONVERSATION DIALLING 
MODE MODE MODE 
7284494 


(1) a, Access pause (tap) expires or press redial before end of tap. 


b. HOLD/APO controlled by tone recogniser: 
HOLD/APO forced to LOW before tap expires; access pause < tap 
HOLD/APO forced to HIGH after tap expires; access pause > tap- 


Fig. 10 Timing diagram showing Access Pause Reset. 
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RATINGS 

Limiting values in accordance with the Absolute Maximum System (1EC 134) 

Supply voltage VppD —0,3to8 V 
Voltage on any pin V\ Vss—0,3 to Vpp +0,3 V 
Operating ambient temperature range Tamb —25to +70 °C 
Storage temperature range T stg —55 to +125 SC 


« CHARACTERISTICS 


Vpp =3 V; Vgs = 0 V; crystal parameters: fog, = 3,58 MHz, Rgmax = 100 Q (note 3); Tamp = 25 °C; 
unless otherwise specified. 


Tamb = —25 to + 70 °C 


Operating supply voltage 


Standby supply voltage 
(note 1) 


Operating supply current 


CE = HIGH; notes 2, 3 
j CE = HIGH; Vpp =6 V; 
| notes 2,3 
CE = LOW; note 2 


| Vpp =1.8V 
| Tamb = —25 to +70 °C 


Standby supply current 


Input voltage LOW 
Input voltage HIGH 


|18V <Vpp <6 V 


Input leakage current; CE 
LOW 


CE = LOW 


HIGH CE = HIGH 
Pull-up input current 

M/S Vi = Vss 
Pull-down input current 

FO1, FO2 Vi= VppD 


Matrix keyboard operation | 


J X connected to Y, 
| CE = HIGH 


contact ON; note 4 
contact OFF; note 4 


Keyboard current 


Keyboard ‘ON’ resistance 
Keyboard ‘OFF’ resistance 
Other keyboard operation 


Input current for X, ‘ON’ V,;=1,5to3 V 
Input current for Y, ‘ON’ V;=Oto2,5V 
Input current Y, V,=Vss 


Notes 
1. Vppo = 1,8 V only for redial. 3. Stray capacitance between pins 8 and 9 <3 pF. 
2. All other inputs and outputs open. 4. Guarantees correct keyboard operation. 


March 1983 273 


PCD3324 


CHARACTERISTICS (continued) 


Cd 


Outputs M1, DP 
sink current | 


0,7 
0,65 


1,5 3,2 mA- 
1,3 


source current 


Latch output HOLD/APO 
sink current 


50 
45 


130 300 uA | 
110 


source current 


TIMING DATA 
Vpp = 2.5 to 6 V: Veg = 0 V: foge = 3,579545 MHz 


input levels of FO1 and FO2 
(Vgg = LOW; Vpp = HIGH) | Veg2 |LOW | HIGH| HIGH conditions _ 


Sd devmbof | _—*itest moder] note 4 


Dialling pulse frequency 
Dialling pulse period 
Clock pulse frequency | 
Break time (note 2) M/S = H; n.c. 
Make time (note 2) M/S = H; n.c. 
Break time (note 3) M/S=L 
Make time (note 3) M/S=L 
Inter-digit pause 
Reset delay time 
Access pause time _ 
Prepulse duration 
Debounce time 

min 

max. 
CE: Vss _ 


Clock start-up time Vpp (note 5) 


Initial data entry 
time (typ.) 


Notes 

1. Exactly 10 Hz with 3,5328 MHz crystal. 

2. Mark-to-space ratio: 3:2. 

3. Mark-to-space ratio: 2:1. 

4. In the n.c. (not connected) condition, the input is drawn to the appropriate state by the internal 
pull-up/pull-down current. 


5. Stray capacitance between pins 8 and 9: <3 pF. 
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TYPICAL CURVES 


7288361 


LE 
7 
0 2 4 6 8 
Vpp (V) 
Fig. 11 Standby supply current as a Fig. 12 Operating supply current as a 
function of standby supply voltage. function of operating supply voltage. 
15 7288362 400 7288363 


Fig. 13 Pull-down input current as a Fig. 14 Pull-down input current as a 
function of input voltage at Vpp = 3 V. function of supply voltage at Vj = Vpp. 
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TYPICAL CURVES (continued) 


Fig. 15 Keyboard current as a function 
of supply voltage; 
X-pins connected to Y-pins. 


7288366 


Fig. 17 Output (N-channel) sink 
characteristics for M1 and DP. 


Curves for Figs 17 and 18 
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Vy; Vy (V) 
Fig. 16 Keyboard input characteristics 
at Tamb = 25 °C. 


7Z88367 


Fig. 18 Output (P-channel) source 
characteristics for M1 and DP. 


DEVELOPMENT DATA | 
This data sheet contains advance information and PCD3325A 


specifications are subject to change without notice. 


C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT 


The PCD3325A is a single chip silicon-gate C-MOS integrated circuit. It converts pushbutton 
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived 
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be 
retained ina RAM for redial. A delayed reset is built-in for line power breaks. 


The PCD3325A can regenerate access pauses during redial. During the original entry, access pauses are 
stored via the keyboard. A regenerated access pause can be terminated during redial in two ways: 

via the keyboard, or with an external dial tone recogniser circuit. This makes the circuit very suitable 
for redial in PABX (Private Automatic Branch Exchange) systems. The PCD3325A is pin to pin 
compatible with the DF320 and the MT4320 (however, including additional functions). 


The circuit has the following features: 

Operation from 2,5 V to 6 V supply. 

Static standby operation down to 1,8 V. 

Low current consumption; typ. 40 yA. 

Low static standby current; typ. 1 WA. 

On-chip oscillator for 3,58 MHz crystal. 

Fully decoded and debounced inputs for 3 x 4 matrix keyboard. 
23-digit capacity, including access pauses, for redial operation. 
Memory overflow possibility (with internally disabled redial). 
Selectable dialling pulse frequency: 10 Hz, 16 Hz and 20 Hz. 
Test pulse frequency: 932 Hz. 

Selectable dialling pulse mark/space ratios; 2: 1or3: 2. 

Hold facility for lengthening the inter-digit period. 

Circuit reset for line power breaks; > 160 ms (10 Hz dialling pulse frequency). 


Access pause generation via the keyboard. 


e 


Access pause reset: 
via the keyboard, 
with external tone recogniser. 


All inputs with pull-up/pull-down (except CE). 
@ All inputs are internally protected against electrostatic charges. 


@ High input noise immunity. 


PACKAGE OUTLINE 
18-lead DIL; plastic (SOT-102GE). 
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Vop HOLD/APO 
DP Y4 
M1 Y3 
M/S Y2 
FO1 PCD3325A Y1 
FO2 x3 
CE X2 
OSC IN x1 
OSC OUT Vss 
7Z84491.1B 
PINNING Fig. 1 Pinning diagram. 
1 VppD positive supply 
10 Vss negative supply 
Inputs 
4 M/S controls the mark-to-space ratio of the line pulses 
: the dialling pulse frequency is defined by the logic state of these two inputs 
7 CE Chip Enable; used to initialize the system; to select between the operational mode 
and the static standby mode; to handle line power breaks 
11 x1 
12 X2 { column keyboard inputs with pull-down on chip 
13 X3 
14 Y1 
15 Y2 
16 ¥3 row keyboard inputs with pull-up on chip 
17 Y4 
Outputs 
2 DP Dialling Pulse; drive of the external line switching transistor or relay 
3 M1 Muting; normally used for muting during the dialling sequence 
Input/output 


18 HOLD/APO This pin will go HIGH when an access pause code is read from the memory during 
pulsing and will interrupt dialling. It can also be externally controlled; it will 
interrupt dialling after completion of the current digit or immediately during an 
inter-digit pause (tjq); further keyboard data will be accepted. 


Oscillator 


8 OSC IN 
9 OSC OUT 
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input and output of the on-chip oscillator 
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OSC IN OSC OUT FO1 FO2 M/S 


OSCILLATOR PROGRAMMABLE TIMING RESET 
' DIVIDER 7 COUNTER } 
READ 


ADDRESS 
COUNTER 


24x4 BIT ADDRESS 


RAM DECODER 
ADDRESS CONTROL 


SELECT LOGIC 


WRITE 
ADDRESS 
COUNTER 


INPUT / 
OUTPUT 


OUTPUT 


COUNTER KEYBOARD ACCESS 
DECODER PAUSE 


Hifi2 tiadia ft 416417 


DP X1 X2 X3 Y1 Y2 *Y3 Y4 7Z84492.1B 


Fig. 2 Block diagram. 


FUNCTIONAL DESCRIPTION (see also Fig. 2) 
Clock oscillator (OSC IN, OSC OUT) 


The time base for the PCD3325A is a crystal controlled on-chip oscillator which is completed only by 
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency 
divider of which the division ratio can be externally set (FO1 and FO2) to provide one of four chip 


system clocks; three ‘normal’ clock frequencies and one higher test frequency. 


Alternatively, the OSC IN input may be driven from an external clock signal. 
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Chip Enable (CE) 
The CE input is used to initialize the chip system. 


CE = LOW provides the static standby condition. In this mode the clock oscillator is off and internal 
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The 
keyboard input is inhibited, but data previously entered is saved in the RAM. 


When CE = HIGH the clock oscillator is operating, the internal registers are enabled and data can be 
entered from the keyboard. 


If the CE input is taken to a LOW level for more than the time t;g (see Figs 5 and 6 and timing data) 
an internal reset pulse will be generated at the end of the t-q period. The system is then in the static 
standby mode. Short CE pulses of < t-g will not affect the operation of the circuit. No reset pulses are 
then produced. 


Debouncing keyboard entries 


The column keyboard inputs to the integrated circuit (X,,) and the row keyboard inputs (Y,,) are for 
direct connection to a 3x 4 single contact keyboard matrix (with or without common contact) as shown 
in Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is decoded 
into a 4-bit binary keycode by the keyboard decoder when one column input is connected to one row 
input or, when one column input is set HIGH and one row input is set LOW. Any other input combin- 
ations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the 
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary 
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock pulse 
periods (entry period tg). The next keyboard entry will not be accepted until the previously closed 
contact has been open for three or four clock pulse periods. The one clock pulse period of uncertainty 
in the deébouncing process arises because keyboard entries are not detected until the trailing edge of 
the first clock pulse after the entry. 


Data entry 


After each keyboard entry has been debounced and decoded, the keycode is written into the RAM, 
and the WAC is incremented by one to select the next RAM location where the next keycode will be 
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER 
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled. 
Consequently, the difference between the contents of the WAC and of the RAC represents the number 
of keycodes that have been written into the RAM but not yet converted into line pulses. !f more than 
23 keycodes are written into the RAM, memory overflow results and the excess keycodes replace the 
data in the lower numbered RAM locations. In this event, since an erroneous number is stored, auto- 
matic redialling is inhibited until the WAC has been reset by the first digit entry of the next telephone 
call. 


_ If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the 


corresponding keycode is written into the first RAM location, and the WAC is then incremented by 
one. If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored 

in the RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. 

If the redial pushbutton (#) is operated again during the redialling sequence it will be decoded as an 
Access Pause Reset. This function will be described later during the description of the access pause 
system of the PCD3325A. During redial no keyboard entry will be accepted and stored in the RAM. But, 
when all in the RAM stored numbers have been pulsed out, new keyboard entry will be accepted, 
stored at the RAM position after the last digit code of the original entry and converted into correctly 
timed dialling pulses. 
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7283249 


%® Access pause set. 


# Redial or Access Pause Reset. 


Fig. 3 Single contact keyboard. 


PCD3325A 


common (left open) 


7283250 


Fig. 4 Double contact keyboard. 
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U 
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STATIC STATIC O 
STANDBY MODE DIALLING MODE STANDBY MODE W 
2) mares oS a ee ee Od) 
o | RO 
S | oO 
= i ten | 
e ce __ ae (eee eee ae 
| { | 
tees! T/30 ) : 
| | 41234 5 i 1123 4 i a , 
ce SU UU a L 
rT y [iecsets po 
--— 
1 | | | a further key entries : 
| KEYBOARD ENTRY oe = | | Meioeers | 
WITH | | ) C 4] F] | : ) ; 
1 | , | decoded dialled digit ; 4 
1 | 1 | written into RAM l 
— PP —_—_____— 
DEBOUNCED _ Vt | | | | 
KEYBOARD — | 7 a 7 : : 
ape iT te min | ee 
Cae oe | | l 
| temax | I 
a a ae | 


2 A a a ee eer 2///////// 


_ digit pulses _ 
being dialled| 
| 


= HIGH or LOW M2 - | L 


Fig. 5 Timing diagram showing clock start-up, keyboard entry debouncing 7284495 


and the effect of interrupting the supply to CE during the transmission of 
dialling pulses. 
N.B.: CL and M2 are internal signals. 


C-MOS interrupted current-loop dialling circuit PCD3325A 


Dialling sequence 


The dialling sequence can be initiated under either of the following two conditions: 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts 
(power supply before keyboard entry); see Fig. 6. 


Then, approximately 4 ms (to,) after CE goes HIGH, the clock pulse generator starts and, ten clock 
pulse periods (tq) later, a prepulse with a duration of ten clock pulse periods (ty) appears at output 
M1. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it 
switches to the de-muted position so that the circuit is then in the conversation mode whilst the 
subscriber awaits the dialling tone. When the first digit of the required number is entered at the 
keyboard, data entry period tg commences. 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in 
series with a common keyboard contact (Fig. 7). 


When the first digit of the required number is entered at the keyboard, the common keyboard contact 
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (to,) after CE goes 
HIGH, the clock pulse generator starts and data entry period tg commences. After period te, M1 goes 
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the 
muting circuit controlled by M1. 


The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has 
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit 
pause (tjqg) ensues. M2 then goes HIGH (M2 is an internally generated signal, used for explanation 
only), the RAC addresses the RAM and the first keycode is loaded into the register of the output 
counter which generates the appropriate number of correctly-timed dialling pulses at output DP. 
When the digit has been pulsed out, M2 goes LOW, the RAC is incremented by one and the procedure 
repeats until the WAC and RAC contents are equal (all digits pulsed out). Output M1 then goes LOW, 
the circuit assumes the conversation mode. The circuit reverts to the static standby mode if CE goes 
LOW for more than the reset delay time (tyg = 1,6 dialling pulse periods) at any time during the 
conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW although Vpp is 
maintained by a back-up supply (e.g. because an external diode isolates CE from the back-up supply 
connected to Vpp). The RAM retains its contents for subsequent automatic redialling as long as 

the back-up supply maintains Vpp above Vppo = 1,8 V. 


DEVELOPMENT DATA 


October 1984 283 


PCD3325A 


handset f ’ “handset 
lifted replaced 
CRADLE | aa SS SS . 
CONTACT a Se ee Ge a IS ce) Ae ees aN 


| VDD maintained from 
; | a back-up supply 


Vop ete eee eee Pe ne) ee ge eee 


_ l 
js td I J. bee ted 
I re ( = Be ee ee | 
CE | i | | | | L 


u > (no effect) 


> Pee 


KEYBOARD 
EO ees aa a a ie 


, Prepulse aie 
M1 Ps ‘a | ; | : 
| tod I ce ete ae ony) — = —— = . 
ttont+tg \ | | 
~~; | \ : ta I { 
J | 
| | 


| 
} ti > contact bounce time + te | | 
Fenaiees 3 : pees : a l 
M2 bounce time | ey ee __ eee oe ae, ' ¢ 
| | Nea tis! tm T tq! fs 
| | | | —| —| | SiS | 
| | | § | | | | t | | . 
DP | | i fol feLjs ifr LfeLJsLfeL | L 
l l Ith tt ] Tite lte t ] 
| _ Bm. Dm. it 
: : | 1 RAC - 4! ! 
Pt | eee ! 
c 
: | EN , ! ! | 
| l | | 
! tid | nT tig | nT+tg ot , 
| | for last digit of number |! 
| | DIALLING MODE = + + _______+|-+___ — — — 
CONVERSATION CONVERSATION STATIC 
MODE MODE STANDBY 
(await dialling tone) MODE 
* oscillator off. 7284497.1 


all registers except WAC reset. 
keyboard input inhibited. 
number stored in RAM until Vop < 1,8 V. 


Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply 
via the cradle contacts). M2 is an internal signal. 
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aA 


7284498 .| 


Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the 
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after 
point A. M2 is an internal signal. 
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Hold function 


As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be 
prolonged under the control of external equipment. When the HOLD/APO is set HIGH, the dialling 
pulse-train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out. 
In the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in 
that RAM. No further keycodes will be read from the RAM and converted into dialling pulses on DP 
until the HOLD/APO is set LOW again and an inter-digit pause has elapsed. 


| 
mel ck eee, | 
| | 
[a eerie: aa 
| | | | 
| th tm | | | 
| a ae | | | 
DP LJ tE 2 se! | \ | 
ie a ae a ee =| | | Pal | 
—| 7 —~| |~<_ ne pulse of next digit 
1 | 
| start of tig | 
Vop > Vpopo delayed until 
CE = HIGH HOLD/APO|__ tid 
= LOW 
_-— oO OOo err | er ef eg 
DIALLING CONVERSATION DIALLING 
MODE | MODE MODE 
7284496 


Fig. 8 Timing diagram showing the effect of activating the HOLD/APO during the transmission of 
dialling pulses. M2 is an internal signal. 
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DIAL 


access pause 


KEYBOARD = 


INPUT 
M1 


DP 


DIALLING 
TONE 


HOLD/APO eee ee eee 


DIALLING CONVERSATION DIALLING 
MODE MODE MODE 


REDIAL 


access pause 
redial reset 


KEYBOARD 
INPUT aL aR 
M1 Ne ee a ec Note ee I ee 
DP 1| J2, 43 


DIALLING 
TONE 


HOLD/APO —  eeesesi—‘“‘i‘wR LL 


7287239 


Fig. 9 Dialling sequence showing how an access pause code is stored in the RAM (DIAL) and how the 
access pause code is reset during the REDIAL. 


Note: access pause can be reset by pressing any key. 
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Access pause regeneration during redial | 


During original entry, access pause codes can be stored at the appropriate positions in the RAM. 

During redial the Access Pause Output (HOLD/APO) will go HIGH as soon as an access pause code is 
read from the RAM, thereby interrupting dialling until HOLD/APO is made LOW again as described 
above. In this way the normal inter-digit pause with a duration tjg can be replaced by a proper access 
pause. An access pause code is stored in the RAM during original entry by pressing the access pause 
key (*) between entering the trunk exchange code and the subscriber code, or at any other moment an 
access pause is required. The number of access pauses that can be inserted in this manner is only limited 
by the capacity of the RAM (digits + access pauses < 23). 


During redial, access pauses will be automatically regenerated. 
Two methods of terminating an access pause: 


1. Manually, by pressing the redial key (#) 
2. With an external tone recogniser, by forcing HOLD/APO to LOW. 


M1 eA Seewee ENTS 


! 
on | 
HOLD/APO | | l 
_ | ‘a 
de-mute mute | 
DIALLING | a | | 
TONE ———— -- ——---\\_-- - + ___ 
tia | 
nae So ae ge aera 
DIALLING CONVERSATION DIALLING 
MODE MODE MODE 
7 7284494 


(1) a. Access pause reset by pressing redial key (#). 
b. HOLD/APO controlled by tone recogniser: 
HOLD/APO forced to LOW. 
Fig. 10 Timing diagram showing Access Pause Reset, during redial. 


Note: access pause can be reset by pressing any key. 
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RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 

Supply voltage VoD —0,3to8 V 
Voltage on any pin V\ Vgs—0,3 to Vpp + 0,3 V 
Operating ambient temperature range Tamb —25to +70 °C 
Storage temperature range Tstg —§5 to +125 °C 


CHARACTERISTICS 


Vop =3 V; Vssg = 0 V; crystal parameters: fog. = 3,58 MHz, Romax = 100 2 (note 3); Tamp = 25 °C; 
unless otherwise specified. 


Operating supply voltage 


Standby supply voltage 
(note 1) 


Operating supply current 


CE = Vpp; notes 2, 3 

| CE=Vpp: Vpp = 6 V: 
notes 2, 3 
CE = VSS ; note 2 


Vpp=1,8V 
Tamb = —25 to +70 OC 


Standby supply current 


Input voltage LOW {1 8V<Vpp <6V 


Input voltage HIGH 


DEVELOPMENT DATA 


Input leakage current; CE 
LOW 


HIGH 


CE = Vss 
CE=Vpp 


Pull-up input current 

M/S Vi =Vss 
Pull-down input current 

FO1, FO2 Vi= Vpp 


Matrix keyboard operation 


J X connected to Y, 
| CE = HIGH 


contact ON; note 4 
contact OFF; note 4 


Keyboard current 


Keyboard ‘ON’ resistance 
Keyboard ‘OFF’ resistance 


Other keyboard operation 


Input current for X, ‘ON’ V;=1,5to3 V 
Input current for Y, ‘ON’ V,;=Oto2,5V 
Input current Y, Vi=Vss 


Notes 
1. Vppo = 1,8 V only for redial. 3. Stray capacitance between pins 8 and 9 < 3 pF. 


— 2. All other inputs and outputs open. 4, Guarantees correct keyboard operation. 
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CHARACTERISTICS (continued) 


Outputs M1, DP 
sink current 


source current 


Latch output HOLD/APO | 
sink current | 


source Current _ 


TIMING DATA 
Vpp = 2,5 to 6 V; Vss = 0 V; fose = 3,579545 MHz 


input levels of FO1 and F02 VFO1 HIGH 


(Vsg = LOW; Vpp = HIGH) Vro2 |LOW | HIGH] HIGH|LOW 


Td favemboi |_| est mode 


Dialling pulse frequency 


conditions 
(note 4) 


Dialling pulse period 


Clock pulse frequency 


M/S = H; n.c. 
M/S = H:n.c. 
M/S=L 
M/S=L 


Break time (note 2) 
Make time (note 2) 
Break time (note 3) 
Make time (note 3) 
Inter-digit pause 


Reset delay time 


Prepulse duration 


Debounce time 
min 


max. 


CE: Vss — 
Vpp (note 5) 


Clock start-up time 


Initial data entry 
time (typ.) 


Notes 


1. Exactly 10 Hz with 3,5328 MHz crystal. 

2. Mark-to-space ratio: 3:2. 

3. Mark-to-space ratio: 2:1. | 

4. In the n.c. (not connected) condition, the input is drawn to the appropriate state by the internal 
pull-up/pull-down current. 


5. Stray capacitance between pins 8 and 9: <3 pF. 
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TYPICAL CURVES 
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Fig. 11 Standby supply current as a 


function of standby supply voltage. 


7288362 


Vv, (V) 


Fig. 13 Pull-down input current as a 
function of input voltage at Vpp = 3 V. 


PCD3325A 


7288360 


6 8 
Vpp (V) 


Fig. 12 Operating supply current as a 
function of operating supply voltage. 


400 7288363 


100 


Fig. 14 Pull-down input current as a 
function of supply voltage at Vj = Vpp. 
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TYPICAL CURVES (continued) 


40 7288364 


Vop = $V Yoo SY 


Te 
A 


; Vy: Vy (V) 
Fig. 15 Keyboard current as a function Fig. 16 Keyboard input characteristics 
of supply voltage; at Tamb = 25 OC. 
X-pins connected to Y-pins. 
20 . 7288366 20 _ 1288367 ; 
—loH 
(mA) 


Pi 
any//4nn 

OAT 

AL 


? ¢ a Wea WV) 
Fig. 17 Output (N-channel) sink Fig. 18 Output (P-channel) source 
characteristics for M1 and DP. characteristics for M1 and DP. 


Curves for Figs 17 and 18 
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C-MOS INTERRUPTED CURRENT-LOOP DIALLING CIRCUIT 


The PCD3326 is a single chip silicon-gate C-MOS integrated circuit. It is intended to convert pushbutton 
keyboard entries into streams of correctly-timed line current interruptions. The input data is derived 
from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 digits can be 
retained in a RAM for redial. A delayed reset is built-in for line power breaks. 


The PCD3326 can regenerate access pauses during redial. During the original entry, access pauses are 
stored either automatically or via the keyboard. A regenerated access pause can be terminated during 
redial in three ways: automatically after a built-in time, or via the keyboard, or with an external dial 
tone recogniser circuit. This makes the circuit very suitable for redial in PABX (Private Automatic 
Branch Exchange) systems. 


The circuit has the following features: 

Operation from 2,5 V to 6 V supply. 

Static standby operation down to 1,8 V. 

Low current consumption; typ. 40 yA. 

Low static standby current; typ. 1 pA. 

On-chip oscillator for 3,58 MHz crystal. 

Fully decoded and debounced inputs for 3 x 4 matrix keyboard. 
23-digit capacity, including access pauses, for redial operation. 
Memory overflow possibility (with internally disabled redial). 
Selectable dialling pulse frequency: 10 kHz, 16 Hz and 20 Hz. 
Test pulse frequency: 932 Hz. — 

Hold facility for lengthening the inter-digit period. 

Circuit reset for line power breaks; > 160 ms (10 Hz dialling pulse frequency). 


Access pause generation automatically or via the keyboard. 


Access pause reset: 

automatically after 3s or 6 s (10 Hz dialling pulse frequency), 
via the keyboard, 

with external tone recogniser. 


@ All inputs with pull-up/pull-down (except CE) 
@ All inputs are internally protected against electrostatic charges. 
@ High input noise immunity. 


PACKAGE OUTLINES 
PCD3326P: 18-lead DIL; plastic (SOT-102GE). 
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HOLD/APO | 1 | Y4 
Vpp [2 | v3 

DP 16] Y2 

M1{ 4 | 115 | Y1 


Fo1{s | PcbD3326 [14] APD 


7Z90907 


Fig. 1 Pinning diagram. 


PINNING 

2 Vpp ~—_—sCs éPositive supply 

10 Vss negative supply 

Inputs 

5 FO1 Lae : . ; 

6 £02 the dialling pulse frequency is defined by the logic state of these two inputs 

7 | CE. Chip Enable; used to initialize the system; to select between the operational mode 
and the static standby mode; to handle line power breaks 

11 X1 "8 | 

12 X2 | column keyboard inputs with pull-down on chip 

13 X3 | 7 

14 APD Access Pause Delay; selects the maximum duration of an access pause. 

15 Y1 | : 

16 Y2 as ; 

17 v3 row keyboard inputs with pull-up on chip 

18 Y4 

Outputs | 

3 DP Dialling Pulse; drive of the external line switching transistor or relay 

4 M1 _ Muting; normally used for muting during the dialling sequence. 

input/output | 

1 HOLD/APO This pin will go HIGH when an access pasue code is read from the memory during 
pulsing and will interrupt dialling. 1t can also be externally controlled; it will 
interrupt dialling after completion of the current digit or immediately during an 
inter-digit pause (tjq); further keyboard data will be accepted. | 

Oscillator | 

8 OSC IN 


9 osc out { ("Put and output of the ape oscillator 
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OSC IN. OSC OUT FO1 FO2 M/S 


OSCILLATOR : PROGRAMMABLE ? TIMING 
COUNTER 


DIVIDER i} RESET 
Co ype ee 
F READ - 
ADDRESS —— 
COUNTER 
24x4BIT | ADDRESS iy! 
RAM DECODER 
ADDRESS 
: SELECT — 
INPUT/ eee 
Sncur ADDRESS 
COUNTER 


ous 
OUTPUT 
DECODER PAUSE 
ba tie 413415 416 4171 


DP X1 X2 X3 YI Y2 Y3 Y4 APD 7290906 


CONTROL 
LOGIC 


Fig. 2 Block diagram. 


FUNCTIONAL DESCRIPTION (see also Fig. 2) 


Clock oscillator (OSC IN, OSC OUT) 


The time base for the PCD3326 is a crystal controlled on-chip oscillator which is completed only by 
connecting a crystal between the OSC IN and OSC OUT pins. The oscillator is followed by a frequency 
divider of which the division ratio can be externally set (FO1 and FO2) to provide one of four chip 
system clocks; three ‘normal’ clock frequencies and one higher test frequency. 


Alternatively, the OSC IN input may be driven from an external clock signal. 
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Chip Enable (CE) 
The CE input is used to initialize the chip system. 


CE = Vss provides the static standby condition. In this mode the clock oscillator is off and internal 
registers are clamped reset with the exception of the WRITE ADDRESS COUNTER (WAC). The 
keyboard input is inhibited, but data previously entered is saved in the RAM. 


When CE = Vpp the clock oscillator is operating, the internal registers are enabled and data can be 
entered from the keyboard. 


If the CE input is taken to a LOW level for more than the time t,-g (see Figs 5 and 6 and timing data) 
an internal reset pulse will be generated at the end of the t-g period. The system is then in the static 
standby mode. Short CE pulses of < t-g will not affect the operation of the circuit. No reset pulses are 
then produced. 


Debouncing keyboard entries 


The column keyboard inputs to the integrated circuit (X,) and the row keyboard inputs (Y,,) are for 
direct connection to a 3x 4 single contact keyboard matrix (with or without common contact) as shown 
in Fig. 3, or to a double contact keyboard with a common left open (see Fig. 4). An entry is decoded 
into a 4-bit binary keycode by the keyboard decoder when one column input is connected to one row 
input or, when one column input is set HIGH and one row input is set LOW. Any other input combin- 
ations will be judged to be not valid and will not be accepted. Valid inputs are debounced on the 
leading and trailing edges as shown in Fig. 5. Keyboard entries are only decoded into 4-bit binary 
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock pulse 
periods (entry period tg). The next keyboard entry will not be accepted until the previously closed 
contact has been open for three or four clock pulse periods. The one clock pulse period of uncertainty 
in the debouncing process arises because keyboard entries are not detected until the trailing edge of 
the first clock pulse after the entry. 


Data entry 


After each keyboard entry has been debounced and decoded, the keycode is written into the RAM, 
and the WAC is incremented by one to select the next RAM location where the next keycode will be 
stored. As each keycode is recalled from the RAM for line pulsing, the READ ADDRESS COUNTER 
(RAC) is incremented by one to select the RAM location of the next keycode to be recalled. 
Consequently, the difference between the contents of the WAC and of the RAC represents the number 
of keycodes that have been written into the RAM but not yet converted into line pulses. !f more than 
23 keycodes are written into the RAM, memory overflow results and the excess keycode replace the 
data in the lower numbered RAM locations. In this event, since an erroneous number is stored, auto- 
matic redialling is inhibited until the WAC has been reset by the first digit entry of the next telephone 
call. 


If the first pushbutton to be pressed is not redial (#), the WAC is reset during entry time tg, the 
corresponding keycode is written into the first RAM location, and the WAC is then incremented by 
one. If the first pushbutton to be pressed is redial (#), the WAC is not reset and the keycodes stored 

in the RAM are sequentially recalled and converted into correctly timed dialling pulses at output DP. 

If the redial pushbutton (#) is operated again during the redialling sequence it will be decoded as an 
Access Pause Reset. This function will be described later during the description of the access pause 
system of the PCD3326. During redial no keyboard entry will be accepted and stored in the RAM. But, 
when all in the RAM stored numbers have been pulsed out, new keyboard entry will be accepted, 
stored at the RAM position after the last digit code of the original entry and converted into correctly 
timed dialling pulses. 
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common (left open) 


Y1 


¥2 


Y3 


7283249 


* Access pause set. 


# Redial or Access Pause Reset. X3 


7283250 


Fig. 3 Single contact keyboard. Fig. 4 Double contact keyboard. 
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STATIC STATIC 
STANDBY MODE DIALLING MODE STANDBY MODE 
_— oO OC —S 


j<— trg —e 


| | 
ae T/30 ; 
1123 4 5 | 11234 : taal 

ee JT J J | uw JUUt Jb 
i. ci a! | | | 

eat. further key entries | 

b | 1 | a a (fue y | 
KEYBOARD ENTRY A I | i | can be accepted | 


CONTACT NOISE : i a a i ee 


| 
| ] 
; decoded dialled digit | 
written into RAM { 

. | 


| 

i 

| 

DEBOUNCED u | 
KEYBOARD | | L 

ENTRY 1 te min | | ’ 

1 | I | 

| te max | l | 

-——————___—___—_» | | 


DP K<ZEZZ L 
re | 
, digit pulses _—— 
being dialled| 
i 


M1 aa | . L 
= HIGH or LOW M2 ai, i re": 


7284495 


Fig. 5 Timing diagram showing clock start-up, keyboard entry debouncing and the effect of 
interrupting the supply to CE during the transmission of dialling. 


N.B.: CL and M2 are internal signals. 
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Dialling sequence 


The dialling sequence can be initiated under either of the following two conditions: 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts 
(power supply before keyboard entry); see Fig. 6. 


Then, approximately 4 ms (ton) after CE goes HIGH, the clock pulse generator starts and, ten clock 
pulse periods (tg) later, a prepulse with a duration of ten clock pulse periods (ty) appears at output 
M1. This prepulse ensures that, if a polarized muting relay with two stable positions is used, it 
switches to the de-muted position so that the circuit is then in the conversation mode whilst the 
subscriber awaits the dialling tone. When the first digit of the required number is entered at the 
keyboard, data entry period te commences. 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts in 
series with a common keyboard contact (Fig. 7). 


When the first digit of the required number is entered at the keyboard, the common keyboard contact 
connects the line voltage to Vpp and CE becomes HIGH. Approximately 4 ms (to,) after CE goes 
HIGH, the clock pulse generator starts and data entry period te commences. After period te, M1 goes 
HIGH and the pushbutton can be released. The supply to Vpp and CE is then maintained via the 
muting circuit controlled by M1. 


The further dialling sequence will be described with the aid of Fig. 6. When the keyboard entry has 
been decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit 
pause (tjq) ensues. M2 then goes HIGH (M2 is an internally generated signal, used for explanation 
only), the RAC addresses the RAM and the first keycode is loaded into the register of the output 
counter which generates the appropriate number of correctly-timed dialling pulses at output DP. 
When the digit has been pulsed out, M2 goes LOW, the RAC is incremented by one and the procedure 
repeats until the WAC and RAC contents are equal (all digits pulsed out). Output M1 then goes LOW, 
the circuit assumes the conversation mode. The circuit reverts to the static standby mode if CE goes 
LOW for more than the reset delay time (t-g = 1,6 dialling pulse periods) at any time during the 
conversation or dialling mode (e.g. because the handset is replaced). CE remains LOW although Vpp is 
maintained by a back-up supply (e.g. because an external diode isolates CE from the back-up supply 
connected to Vpp). The RAM retains its contents for subsequent automatic redialling as long as 

the back-up supply maintains Vpp above Vppo = 1,8 V. 
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handset 
lifted 


CRADLE 


handset 
replaced 


a 


; VDD maintained from 
| a~ back-up supply 


|< try —| 


ate FO ee RE a eT La ET | 
(no effect) | : 
| Prepulse | : 

M1 | a ee ee aa | L 
| | i H | F os ee 
iton tty | | | 

[~a— | j ! 
tym I< Il, te byt. | 
nina I eects l 
KEYBOARD. =| ft 3 7 . 

ENTRY ce oe ee oe ee aE Ae reet eee ee ee 
j Wy | | | 
| ll Ee > contact bounce time + te | | 
| contact | 1 | 

M2 ppouniee time | een Ce ee ie RE | ; 
| | lta tl | Nee tq! 
| | —e| |<} —} —> | j~+— | —~|~ |< | 
| | ! | | j | y | | 

oP el IELRPLBL LLU Le Le Lieb | L 
] ] Lolth te! ] lity le, ph | 
| ep oe ie Fede 11 = 
| io : : RAC contents = 4 | 

| | | ‘i WAC contents 
| ES) : | 
| : : | | 

| tid | nT tid oe nT +tg as 
| for last digit of number | | 

ape DIALLING MODE ——__—_—_—+|+—_____+|«___ — —— 

CONVERSATION CONVERSATION STATIC 
MODE MODE STANDBY 
(await dialling tone) MODE 
* oscillator off. 7Z84497.1 


all registers except WAC reset. 
keyboard input inhibited. 
number stored in RAM until Vpp < 1,8 V. 


Fig. 6 Timing diagram of dialling sequence with Vpp and CE HIGH before keyboard entry (e.g. supply 


via the cradle contacts). M2 is an internal signal. 


December 1984 


300 


C-MOS interrupted current-loop dialling circuit 


handset handset 
lifted replaced 
CRADLE ee 
CONTACT De a ag ee A ey eg ee ee 
> ton t te 
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| | 

COMMON _ ! | 

contacr_it._._J Lb o.. ———S Si a a el 
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V 
yf _ back-up supply 


—elle— ton = 


i 

| 

} | 

KEYBOARD 3 Pi | 
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| 

H 


te (see Fig. 5) 
M2 | | | _ et [an 
| | 
| | 
| ! 
DP | [71 fz] [3] 1 fal fzLJ3] [4] 


| tone) 


4 —__—__ ——-r- [| <4 


l 
| 
l 
| 
| 
| 
| ) 
a | 
| (await cb 
| dialling ! l 
l | 
| 
| 


PATI: ODE ses ee 
CONVERSATION STATIC 

MODE STANDBY 
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Fig. 7 Timing diagram for initiating the dialling mode with Vpp and CE initially supplied via the 
cradle contacts in series with a common contact on the keyboard. See Fig. 6 for pulse timings after 
point A. M2 is an initial signal. 
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Hold function 


As shown in Fig. 8, the hold function allows the interval between consecutive pulsed digits to be 
prolonged under the control of external equipment. When the HOLD/APO is set HIGH, the dialling 
pulse train is interrupted as soon as M2 goes LOW to signal that the current digit has been pulsed out. 
In the hold condition, further keyboard entries will be accepted, debounced, decoded and stored in 
the RAM. No further keycodes will be read from the RAM and converted into dialling pulses on DP 
until the HOLD/APO is set LOW again and an inter-digit pause has elapsed. 


HOLD/APO een | 


Ss 


a | erry toe 


Le ae : 
| | | 
M2 | | 
i e|~Ct(“(i‘ | 
| am | ] 
= | | | 
DP LfaLfeL fal | | 
OC ee oe ee Sen 
| na ad age is pulse oF nent digit 
| start of tig | 
Vop > VpDo delayed until 
CE = HIGH HOLD/APO|_ tid 
ee 
Sm | et ne 
DIALLING CONVERSATION DIALLING 
MODE MODE MODE 


7284496 


Fig. 8 Timing diagram showing the effect of activating the HOLD/APO 
during the transmission of dialling pulses. M2 is an internal signal. 
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If there are no further key entries 

before this instant, M1 goes LOW after tq 
and an access pause keycode is | bounce time + te 
written into the RAM. 


ze Hie 


KEYBOARD o '| 
INPUT ee ae 


dialling sequence restarts 


when another key is pressed 


M1 


DP 5{ 16] 17 
eae tals ] | 


| 
| 
<> | —~| |< |\~+——— tid —.» 
| 
| 


DIALLING | | 
ONE $$ - = $—  t- - yy — -- —— 


HOLD/APO | a 


access pause 


— OS eee eee | a | 
DIALLING CONVERSATION DIALLING 
MODE MODE MODE 


CE = HIGH 7284493 


Fig. 9 Dialling sequence showing how an access pause code is automatically stored in the RAM for 
possible redialling if no further key entries are made until all of the previously entered digits have been 
transmitted. The dialling sequence continues when another key is pressed. 
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Access pause regeneration during redial 


During origina! entry, access pause codes can be stored at the appropriate positions in the RAM. 

During redial the Access Pause Output (HOLD/APO)will go HIGH as soon as an access pause code is 

read from the RAM, thereby interrupting dialling until HOLD/APO is made LOW again as described above. 
In this way the normal inter-digit pause with a duration tjq can be replaced by a proper access pause. 

An access pause code is now automatically stored in the RAM during original entry, when M1 goes 

LOW, after all digits so far entered have been transmitted (see Fig. 6). This occurs between entering of 
the trunk exchange code and the subscriber code, whilst the access tone is available. Up to two access 
pauses can be entered into the RAM in this manner. Alternatively, the access pause key (x) can still be 
pressed to insert (more) access pauses manually (digits + access pauses < 23). 

During redial, access pauses will be automatically regenerated. 


Three methods of terminating an access pause: 
1. Automatically, if the built-in time tap expires; HO LD/APO then goes LOW; tap can be set to one 
of two values with the Access Pause Delay (APD) select input. 


2. Manually, by pressing the redial key before tap expires. 
3. With an external tone recogniser, by forcing HOLD/APO to LOW or HIGH respectively, for 


shortening or lengthening an access pause. 


Seam) Pe ac 


| 
HOLD/APO | = | 
cca ca a a 
de-mute mute 


DIALLING 


<> | <4 ___-- 

DIALLING CONVERSATION DIALLING 
MODE MODE MODE 

7284494 


(1) a. Access pause (tg,) expires or press redial before end of tap. 


b. HOLD/APO controlled by tone recogniser: 
HOLD/APO forced to LOW before tap expires; access pause < tap 
HOLD/APO forced to HIGH after tap expires; access pause > tan. 


Fig. 10 Timing diagram showing Access Pause Reset. 


December 1984 


C-MOS interrupted current-loop dialling circuit PCD3326 


RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 

supply voltage VppD —0,3to8 V 
Voltage on any pin Vy Vss—0,3 to Vpp +0,3 V 
Operating ambient temperature range Tamb —25to +70 °C 
Storage temperature range Tstg —55 to +125 OC 


CHARACTERISTICS 
Vpp =3 V; Vss = 0 V; crystal parameters: fos, = 3,58 MHz, Romax = 100 2 (note 3); Tampb = 25 OC; 


unless otherwise specified. 
conditions 


Operating supply voltage 


Standby supply voltage 
(note 1) 


Operating supply current 


Standby supply current 


Input voltage LOW 
Input voltage HIGH 


Input leakage current; CE 
LOW 


HIGH 


Pull-up input current 
M/S 


Pull-down input current 
FO1, FO2, APD 


Matrix keyboard operation 
Keyboard current 


Keyboard ‘ON’ resistance 

Keyboard ‘OFF’ resistance 
Other keyboard operation 
Input current for X, ‘ON’ 
Input current for Y,, ‘ON’ 


Input current Ypy 


Notes 


1. Vppo = 1,8 V only for redial. 


2. All other inputs and outputs open. 


CE = Vpp; notes 2, 3 


{ CE=Vpp;: Vpp =6 V; 
| notes 2,3 


CE = Vss; note 2 


{ Vpp = 1,8 V 


| 18V<Vpp <6 V 


CE=Vss 
CE=Vpp 


Vi = Vss 
Vi=Vpp 


J X connected to Y, 
| CE=Vpp 


contact ON; note 4 
contact OFF; note 4 


V}=1,5to3V 
V;=O0to2,5V 
Vi = Vss 


3. Stray capacitance between pins 8 and 9 < 3 pF. 
4. Guarantees correct keyboard operation. 
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CHARACTERISTICS (continued) 


Outputs M1, DP 
sink current 0,7 1,5 3,2 mA 


source current | 0,65 1,3 2,/ mA 


Latch output HOLD/APO 
‘sink current 50 130 300 nA 


source current | 45 110 250 ywA 


TIMING DATA 
Vpp = 2,5 to 6 V; Vgg = 0 V; foge = 0 V: fosc 


input levels of FO1 and FO2 Veo1 [LOW HIGH |Low HIGH | 


it 
w 
ol 
SJ 
Ke) 
oO 
& 
o 
= 
a 
N 


(Vgg = LOW; Vpp = HIGH) Veo2 [LOW |HIGH |HIGH conditions: 
CT aymbei] ‘est mode | (note 3) 


Hz 
ms 
Hz 
ms — 


Dialling pulse frequency 

Dialling pulse period 

Clock pulse frequency 
Break time (note 2) 

Make time (note 2) 

Inter-digit pause 

Reset delay time 

Access pause time 


Prepulse duration 


Debounce time 
min. 
max. CE: V 
: : - VSS -—~ 
Clock start-up time Vpp (note 4) 
Initial data entry 


time (typ.) 


Notes 


1. Exactly 10 Hz with 3,5328 MHz crystal. 

2. Mark-to-space ratio: 3:2. 

3. In the n.c. (not connected) condition, the input is drawn to the appropriate state by the internal 
pull-up/pull-down current. 

4. Stray capacitance between pins 8 and 9: <3 pF. 
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TYPICAL CURVES 


80 7Z88360 


Fig. 11 Standby supply current as a Fig. 12 Operating supply current as a 
function of standby supply voltage. function of operating supply voltage. 


7Z88362 7Z88363 


0 { a “Wetyy.S 
Fig. 13 Pull-down input current as a _ Fig. 14 Pull-down input current as a 
function of input voltage at Vpp = 3 V. function of supply voltage at V) = VDD: 


December 1984 307 


~ PCD3326 


TYPICAL CURVES (continued) 


one oe 
oa eee 
ele 
10 
0! 
@) 2 4 6 8 
Vop (V) 


Fig. 15 Keyboard current as a function 
of supply voltage; 
X-pins connected to Y-pins. | 


20 7288366 


0 2°. 4 Voz (V) 6 


Fig. 17 Output (N-channel) sink 
characteristics for M1 and DP. 


Curves for Figs 17 and 18 
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VyiVy (V) 
Fig. 16 Keyboard input characteristics 
at Tamb = 25 OC. 


7Z88367 


Fig. 18 Output (P-channel) source 
characteristics for M1 and DP. 


DEVELOPMENT DATA 


This data sheet contains advance information and 
specifications are subject to change without notice. 
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PULSE DIALLER WITH REDIAL 


GENERAL DESCRIPTION 


The PCD3327 isa single-chip silicon-gate CMOS integrated pulse dialler with radial function. The 455 kHz 
frequency reference for the on-chip oscillator is performed by an inexpensive ceramic resonator. It 
converts pushbutton keyboard entries into streams of correctly-timed line interruptions. The input 

data is derived from a telephone keyboard with a 3 x 4 pushbutton matrix. Numbers with up to 23 

digits can be retained in a RAM for redial. A delayed reset is built-in for line power breaks in order to 
avoid untimely line interrupts. 


Features 


Direct telephone line operation 

Inexpensive standard single-contact keyboard use 

Ceramic resonator for the frequency reference 

CMOS technology for low voltage operation (2,5 V to 6,0 V) 
Mark/space ratio selectable 

Redial facility with 23 digit capacity (memory overflow) 
Circuit reset for line power breaks 

Mute output | 

Automatic reset of access pauses 


OSC IN OSC OUT FO1 FO2 M/S 


t PROGRAMMABLE a TIMING 
OSCILLATOR 


RESET E 
: DIVIDER 1 COUNTER ; 
READ 
ADDRESS C= 
COUNTER 
24x4BiT | ADDRESS iy! 
RAM DECODER re 
CONTROL 
LOGIC 


f| 


WRITE 
ADDRESS Cod 
COUNTER 


INPUT / 
OUTPUT 


OUTPUT 
COUNTER 


APO 
1 


Y ACCESS 
co 
i di2 tiadia 415 t16417 


DP C1 C2 C3 R1 R2 R3 R4 7Z90910.1 


‘ | ADDRESS 
| SELECT 


Fig. 1 Block diagram. 


PACKAGE OUTLINES 


PCD3327P : 18-lead DIL; plastic (SOT-102GE). 
PCD3327U: die in trays. 
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1 Vpp 

10 Vss 

Inputs 

4 M/B 

5 FO1 
6 FO2 
7. GE 

11. Cl | 
12 C2 | 
13. “C3: 

14 Rl 

15 R2- 

16 R3 

17. R4 

Outputs 

2 ODP 

3 M1. 
input/output 


18 HOLD/APO | 


Oscillator 
8 OSC IN 
9 OSC OUT 
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Vop | 1 | 118] HOLD/APO 
DP R4 
M1 116] R3 
M/S | 4 | [is R2 
FO1 pcD3327 14] R1 
FO2| 6 | 113} C3 
CE C2 
OSC IN| 8 | C1 
osc ouT [ 9 | 10} Vss 


7Z90908.1 


Fig. 2 Pinning diagram. 


positive supply 
negative supply 


mark/space input; controls the mark-to-space ratio of the line pulses 
the dialling pulse frequency is defined by the logic state of these two inputs 


Chip Enable; used to initialize the system; to select between the operational mode 
and the static standby mode; to handle line power breaks 


column keyboard inputs with pull-down on chip 


row keyboard inputs with pull-up on chip 


Dialling Pulse; drive of the external line switching transistor or relay 
Muting; normally used for muting during the dialling sequence 


This pin will go HIGH when an access pause code is read from the memory during 
pulsing and will interrupt dialling. It can also be externally controlled; it will 
interrupt dialling after completion of the current digit or immediately during 

an inter-digit pause (tid); further keyboard data will be accepted. 


input and output of the on-chip oscillator 


DEVELOPMENT DATA 


Pulse dialler with redial PCD3327 


FUNCTIONAL DESCRIPTION 


Power supply (Vpp, Vss) 

Pin 1 (Vpp) is the positive supply pin of the IC and the voltage is measured referenced to pin 10 
(Vss). This voltage must not exceed 6 V. For a redial operation, the RAM content is retained if Vpp 
does not drop below 1,8 V. 


Oscillator input/output (OSC IN, OSC OUT) 

The PCD3327 contains an oscillator with sufficient gain to provide oscillation when using an 
inexpensive 455 kHz ceramic resonator. In addition, two external capacitors are required (see Fig. 3). 
Alternatively, the OSC IN input pin may be driven from an external 455 kHz clock signal. 


OSC IN OSC OUT 
Vob 


PCD3327 


7290911.1 


Fig. 3 Oscillator circuit. 


Mark/space selection (M/S) 


The mark/space ratio of the line pulse can be selected by connecting M/S (pin 4) to either Vpp or Vss 
with mark/space ratio of 3:2 or 2: 1 respectively (see also section Timing Data). 


Chip enable (CE) 


This input is used to control between the standby mode (ON-HOOK) and the operation mode 
(OFF-HOOK). When ON-HOOK (CE is LOW) the clock oscillator is off and the internal registers are 
clamped reset with the exception of the Write Address Counter (WAC). The keyboard input is inhibited, 
but data previously entered is saved in the RAM (under static standby condition). 

When OFF-HOOK (CE is HIGH) the clock oscillator is operating, the internal registers are enabled and 
data can be entered from the keyboard. 

The CE input is also used to handle the line power breaks. If this input-is taken to a LOW level for more 
than the time t-q (see section Timing Data) an internal reset pulse will be generated at the end of the 
trq period. The system is then in the static standby mode. Short pulses (< t;g) on the CE input will not 
affect the operation of the circuit and no reset pulses are then produced. 
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FUNCTIONAL DESCRIPTION (continued) 

Keyboard inputs (Ry, C,) 

The column keyboard inputs (C,,) and the row keyboard inputs (R,,) are for direct connection to a 

3 x 4 single contact keyboard matrix (see Fig. 4). Column and row keyboard inputs have on-chip pull- 
up and pull-down respectively. A valid key entry is defined by a single column input being connected 
to a single row input or, when a single column input is set HIGH and a single row input is set LOW. 
Any other input combinations will be judged to be not valid and will not be accepted. The valid inputs 
are debounced on the leading and trailing edges. Keyboard entries are only decoded into 4-bit binary 
keycodes and written into the RAM if the keyboard contact remains closed for four or five clock 
pulse periods. The next keyboard entry will not be accepted until the previously closed contact has 
been open for three or four clock pulse periods. 


a ae 


2 3 


_ 


pa el 
R1 
po 


R2 


=e 


R3 


al ie 


* Access pause set. 


O 
* 


# Redial or access pause reset. 


Fig. 4 Single-contact keyboard. 
7287693 


Mute output (M1) 


The M1 output is normally used for muting of the speech network during the dialling sequence. Figure 5 
shows the timing diagram of the mute output (see also section Dialling Sequence). 


Pulse output (DP) 


This output is used to drive the external line switching transistor or relay. It provides the output pulse 
frequency with the correct Make/Break, the pulse rate and the inter-digit pause timing (see Fig. 5). 


Dialling frequency selection (FO1, FO2) 

The dialling pulse frequency is defined by the logic states of the inputs FOQ1 and FO2. With F0O1 = HIGH 
and FOQ2 = LOW the device is in the test mode and the pulse frequency is increased by a factor 92 (see 
section Timing Data). 
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Dialling sequence 


The dialling sequence can be initiated under the following condition: 


@ The supply to the integrated circuit is derived from the telephone lines via the cradle contacts (power 
supply before keyboard entry); see Fig. 5. 


Then, approximately 4 ms (to,) after CE goes HIGH, the clock pulse generator starts and, ten clock 
pulse periods (tq) later, a prepulse with a duration of ten clock pulse periods (tq) appears at the mute 
output M1. This prepulse ensures, that if a polarized muting relay with two stable positions is used, it 
switches to the de-muted position so that the circuit is then in the speech mode whilst the subscriber 
awaits the dialling tone. When the first digit of the required number is entered at the keyboard, data 
entry period tg commences. 


The further dialling sequence will be described with the aid of Fig. 5. When the keyboard entry has been 
decoded and written into the RAM, M1 goes HIGH to mute the telephone and an inter-digit pause (tjq) 
ensues. M2 Then goes HIGH (M2 is an internally generated signal, used for explanation only), the RAC 
(Read Address Counter) addresses the RAM and the first keycode is loaded into the register of the 
output counter which generates the appropriate number of correctly-timed dialling pulses at output DP. 
When the digit has been pulsed out, M2 goes LOW, the RAC is incremented by one and the procedure 
repeats until the WAC and RAC contents are equal (all digits pulsed out). Output M1 then goes LOW, 
the circuit assumes the speech mode. The circuit reverts to the static standby mode if CE goes LOW for 
more than the reset delay time (t-q = 1,6 dialling pulse periods) at any time during speech or dialling 
mode (e.g. because the handset is replaced). CE remains LOW although Vpp is maintained by a back-up 
supply (e.g. is an external diode isolates CE from the back-up supply connected to Vpp). The RAM 
retains its contents for subsequent automatic redialling as long as the back-up supply maintains Vpp 
above Vppg = 1,8 V. 


Access pause generation during dial and redial 


During original entry, access pause codes can be stored at the appropriate positons in the RAM. During 
radial the Access Pause Output (HOLD/APO) will go HIGH as soon as an access pause code is read 
from the RAM, thereby interrupting dialling until HOLD/APO is made LOW. In this way the normal 
inter-digit pause with a duration t;qg can be replaced by a proper access pause. An access pause code is 
stored in the RAM during original entry by pressing the access pause key (*) between entering the 
trunk exchange code and the subscriber code, or at any other moment an access pause is required. The 
number of access pause that can be inserted in this manner is only limited by the capacity of the RAM 
(digits + access pauses < 23). | 


DEVELOPMENT DATA 


During redial, access pauses will be automatically regenerated. 

Three methodes of terminating an access pause: 

1. Automatically, if the built-in time tap expires; HOLD/APO then goes LOW. 

2. Manually, by pressing the redial key before tap expires. 

3. With an external tone recognizer, by forcing HOLD/APO to LOW or HIGH respectively, for 
shortening or lengthening an access pause. 
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* oscillator off. 7284497.1P 


all registers except WAC reset . 
keyboard input inhibited. 
number stored in RAM until Vpp < 1,8 V. 


Fig. 5 Timing diagram of dialling sequence with Vpp and CE is HIGH before keyboard 
entry (e.g. supply via the craddle contacts). M2 is an internal signal. 
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DIAL 


access pause 


KEYBOARD 
INPUT 


M1 


DP 


DIALLING 
TONE 


HOLD/APO Pe reeeee, (ach eres 


i | 0 | 
DIALLING SPEECH MODE . DIALLING 
MODE MODE 


REDIAL 
access pause 
redial reset 
KEYBOARD 
PUT cw ee FLL 


M1 


DP 


DIALLING 
TONE 


HOLD/APO 


7Z90909 


DEVELOPMENT DATA 


Fig. 6 Dialling sequence showing how an access pause code is stored in the RAM (DIAL) and how the 
access pause code is reset during the REDIAL. 


Note: access pause can be reset before tap expires by pressing any oy or by HO LD/APO forced to 
LOW. 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 


a 


Supply voltage range 


Voltage on any input pin 


Operating ambient temperature range 


Storage termperature range 
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PCD3327 


CHARACTERISTICS 


Vpp = 3 V; Vss = 0 V; ceramic resonator parameters: foce = 455 KHz, Romax = 12 2; 
Co max = 300 pF; Tamb = 25 OC; unless otherwise specified 


Treen ——~devmist [min [wo [mex [oileontone 


Supply 
Operating supply voltage 


Standby supply voltage (note 1) 


Operating supply current 


Standby supply current 


Inputs 
Input voltage LOW | 
Input voltage HIGH 


Input leakage current 
CE input: LOW 


HIGH 
Pull-up input current M/S 
Pull-down input current; 
FO1, FO2 
Matrix keyboard operation 
Keyboard current 


Keyboard resistance 
a ® N ve 


“OFF” 


Other keyboard operation 
Input current 

Cy “ON” 

Ry “ON” 

Rn 
Outputs 


Sink current 
M1, DP 


HOLD/APO (latch) 


Source current 
M1, DP 


HOLD/APO (latch) 


| Tamb = 
—25 to+ 70°C 


CE = Vpp; note 2 


| CE =Vpp;: 
Vpp = 6 V; note 2 


CE = Vgg; note 2 


1,8V<Vpp<6V 


CE=Vss 
CE=Vpp 
Vi = Vss 


Vi=Vppb 


CE = Vpp; note 3 


contact ON; note 4 
contact OFF: note 4 


V}=1,5to3V 
V,;=0to 2,5 V 
Vi = Vss | 


VoL =0,5 V 
VoL =0,5V 


VoH= 2,5 V 
Vou =2,5V 


Notes to characteristics 


1. Vp po = 1,8 V only for redial. 
2. All other inputs and outputs open. 


3. C, connected to Rp. | 
4. Guarantees correct keyboard operation. 
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TIMING DATA | 
Vpp = 2.5 to 6 V; Vgg = 0 V; fose = 455 kHz 


CoM 
[cow 


conditions 
see also note 4 


Dialling pulse 
frequency 
Dialling pulse period 


Break time 
Make time 
Break time 
Make time 
Inter-digit pause 


Reset delay time 


Prepulse duration 


Debounce time 
min. 


max. 


Clock start-up time; 
typical 


DEVELOPMENT DATA 


CE: Vss—> Vpp 


Initial data entry 
time; typical 


Notes to timing data 

1. fpp is exactly 10 Hz with a 441,6 kHz PXE. 

2. Mark-to-space ratio is 3: 2; M/S is HIGH (not connected). 

3. Mark-to-space ratio is 2: 1; M/S is LOW. 

4. In the not connected condition, the input is drawn to the appropriate state by the internal pull-up/ 
pull-down current. 
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TYPICAL CURVES 


7Z88360 


Vppo 'V) 
Fig. 7 Standby supply current as a | Fig. 8 Operating supply current as a 
function of standby supply voltage. function of operating supply voltage. 
7Z88362 7288363 


Fig. 9 Pull-down current as a function Fig. 10 Pull-down input current asa function | 
of input voltage at Vpp = 3 V. of supply voltage at v= Vpp- 
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Pulse dialler with redial 


7288364 


Vo; VR (Vv) 
Fig. 11 Keyboard current as a function of Fig. 12 Keyboard input characteristics at 
supply voltage; Ry pins connected to C,, pins. Tamb = 25 °C. 
20 7288366 20 7288367 


DEVELOPMENT DATA 


YL | 


EZ) saP oo 
GnvZA 


g 


0 2 4 Voiv) 5 
Fig. 13 Output (N-channel) sink character- Fig. 14 Output (P-channel) source character- 
istics for M1 and DP outputs. istics of M1 and DP outputs. 


Curves for Figs 13 and 14 
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DEVELOPMENT DATA 


This data sheet contains advance information and 
specifications are subject to change without notice. 


PCD3341 


CMOS REPERTORY DIALLER TELEPHONE SET CONTROLLER 


GENERAL DESCRIPTION 


The PCD3341 is a low threshold voltage IC fabricated in CMOS. It is designed to control display, redial 


and repertory dialling in a telephone set. The IC has two dialling modes; pulse dialling (PD) and dual 
tone multi-frequency (DTMF). The architecture of the PCD3341 is identical to that of the PCD3343. 
It comprises an 8-bit CPU, 224 RAM bytes and 3K ROM bytes (the ROM is already programmed). 
The operating supply voltage is 2,5 to 6,0 V with a low current consumption in all operating modes: 


standby, conversation and dialling modes. 


Up to 18 digits and 2 manual access pauses can be stored for redial, extended redial and direct dial 
purposes together with on-chip storage for 10 repertory numbers. 
For expansion of the system the PCD3341 provides a two wire serial input/output port, in accordance 


with the !?C bus specifications, to contro! the DTMF tone generator, LCD drivers and additional RAMs 


for additional repertory numbers. 


Features 
Pulse dialling 


Redial 

Extended redial 

Electronic notepad 

Direct dialling (emergency call) 


18-digit capacity for each autodial memory 
Flash or register recall 

Access pause generation and termination 
Manual reset of autodial RAM 

On-chip power-on reset 

Programmed for improved noise immunity 
Extention possible with external RAM for 
up to 110 repertory dial numbers 

Uses standard 4 x 4 keyboard 

(single or double contact) 


QUICK REFERENCE DATA 


Operating supply voltage 
Standby supply voltage 
Operating currents at Vpp =3 V 
conversation mode 
dialling mode 
Standby supply current 
at Vpop = 1,8 V; Tamb = 25 OC 
Crystal frequency 
Operating ambient temperature range 


PACKAGE OUTLINES 


PCD3341P: 28-lead DIL; plastic (SOT-117). 
~PCD3341T: 28-lead mini-pack; plastic Sel 28; SOT- 136A). 


DTME dial control of tone sgenenator PCD3312 


On-chip storage for 10 repertory dial numbers 


Additional 10-digits first in first out memory, 
for infinite long numbers control an LCD | 
via the 1?C bus. 

Four extra function keys: program/autodial, 
flash, redial, access pause 

Keyboard expansion possible for 10 separated 
repertory dialled numbers 

Automatic recognition of PAB X-digits; 
resulting in an access pause insertion 

Hold input and access pause output (APO) 

to adjust the duration of the access pause and 
facilitate use of tone recognizers 

Six diode or strap functions: mark-to-space 
ratio, tone burst time, inter-digit pause time, 
access pause time, normal or expanded 
keyboard, normal or direct dialling 


VopD 2,5to 6,0 V 
Vpp ~~ min. 1,8 V 
Ippc _ typ. 270 pA 
Ippp _ typ. 600 ywA 
Ippo typ. 1,2 pA 
f 3,58 MHz 
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PORT PO 
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PORT P1 PORT P2 7c BUS 
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PCD3341 


: | PRESCALER 
3 pavees ADDRESS Sa EVTES 
COUNTER ; at 


ROM 
ADDRESS 
COUNTER 


UU 


8-BIT INTERNAL BUS 


TIMER/ 
COUNTER 7 


INSTRUCTION INTERRUPT 
ACCUMULATOR REGISTER LOGIC 

if & 

TEST LOGIC i 

CONTROL 
LOGIC 
: RESET 
OSCILLATOR CIRCUIT 


L__ 


VpD Vgg XTAL1 XTAL2 RESET PD/DTMF| CE 7280939 


ARITHMETIC 
LOGIC UNIT 


Fig. 1 Block diagram. 
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PCD3341 


7280934 


Fig. 2 Pinning diagram. 


CMOS repertory dialller telephone set controller 


PINNING 


1 


OoOOAN OO PW DN 


M1 
SDA 
SEL 
ROW 1 
ROW 2 
ROW 3 
ROW 4 
ROW 5 
ROW 6 
APO 
HOLD 
CE 


PD/DTMF 


Vss 


XTAL 1 
XTAL 2 


RESET 
COL 1 
COL 2 
COL 3 
COL 4 
COL 5 
COL 6 
M3 
DP 
DP 
M1 


VppD 


PCD3341 


inverted output of M1 
serial data 


serial clock 


scanning row keyboard outputs 


access pause output 

hold input 

chip enable input 

input to select pulse or DT MF dialling 
negative supply 

input to on-chip oscillator 

output from on-chip oscillator 

reset input/output 


sense column keyboard inputs 


muting output 

inverted pulse dialling output. 
pulse dialling output 

muting output 

positive supply 
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FUNCTIONAL DESCRIPTION 
Power supply (Vpp; Vss) 
Power supply must be retained for data storage. 


Clock oscillator (XATL 1; XTAL 2) 


The time base for the PCD3341 is a crystal controlled on-chip oscillator which is completed by 
connecting a 3,58 MHz crystal between XTAL 1 and XTAL 2. The oscillator starts when Vpp reaches 
the operating voltage level and CE = HIGH. The output XTAL 2 can be used to drive the oscillator 
input of the PCD3312. | 


Chip Enable (CE) 


This active HIGH input is used to initialize part of the system, to select the operational or standby 
mode and to handle line power breaks. 


Pulse dialling outputs (DP; DP) 


DP output drives an external switching transistor or relay in pulse dialling mode. This output is also 
used to pulse out a calibrated FLASH pulse (recall register) of 90 ms duration as soon as the keyboard 
input FLASH is activated by depressing the key F. The FLASH function acts like CE with respect to 
redial. 


Muting outputs (M1; M1; M3) 


M1 output is used for muting during the dialling sequence. For pulse dialling M1 goes HIGH with the 
first inter-digit pause and remains active for 33 or 40 ms (mark-to-space selection) following the last 
break pulse after the last digit held in store has been transmitted. In DTMF dialling, inout PD/DTMF 
is HIGH. M1 is HIGH as long as two out of the eight frequency signals are sent, then remains HIGH 
for an additional 80 ms (hold-over time). 

M1 output is the inverted output of M1. 

M3 output is an AND function with DP and M1 as input, used for direct drive of a switching transistor 
for dialling pulses and muting. __ 


Hold input (HOLD); access pause output (APO) 


The hold input suspends dialling after completion of the current digit, or in pulse dialling during an 
inter-digit pause. 

The hold function facilitates an extra time delay during dialling under control of external circuits 
(dialling tone recognizer). In the hold state (HOLD = LOW) the muting output is also LOW, thus the 
IC is in the conversation mode. The HOLD input can be controlled by the access pause output (APO) 
directly or indirectly via a dialling tone recognizer (see Fig. 3). The tone recognizer automatically 
terminates access pauses upon receipt of the access tone, regardless of whether this occurs during or 
after the access pause time (tap). The APO output will go LOW when an access pause is recognized. 


set |. reset _| 


SET 


DIALLING TONE 
RECOGNIZER 


RESET 


HOLD APO 


PCD3341 


dialling 
tone 7280935 


Fig. 3 Automatic variation of length of an access pause under control of a dialling tone recognizer. 
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CMOS repertory dialler telephone set controller PCD3341 


Serial data (SDA); serial clock (see Fig. 8) 


The seria! |/O lines SDA and SCL are used to control the PCD3312 in the DTMF dialling mode, 
additional RAMs (PCD8570) for repertory dialling and LCD drivers (PCF8577). Both outputs require 
external pull-up resistors. | 


Keyboard inputs/outputs (COL 1 to 6; ROW 1 to 6) 


The sense column inputs COL 1 to COL 6 and the scanning row outputs ROW 1 to ROW 6 are directly 
connected to a 4 x 4 single contact keyboard matrix. The keyboard organization is shown in Fig. 4. 
In pulse dialling mode the valid keys are the 10 numeric keys (0 to 9). The 6 non-numeric keys (A, B, 
C,D, *, #) have no effect on the dialling. 

In DTMF dialling mode the 10 numeric keys and the 6 non-numeric keys are valid. On-chip repertory 
dialling uses the 10 numeric numbers (no external RAM). 

With extended repertory dialling 10 extra keys (M1 to M10) are used (on-chip or external RAM). 
Row 5 of the keyboard contains the following special function keys: 

@ P memory clear and programming (notepad) 

@ FL flash or register recall 

@ RFR - redial 

@ AP manual access pause entry 


Diode options (ROW 6) 


= Row 6 is added to the keyboard matrix to provide the following selections: 
ms Mark-to-space ratio (M/S) Access pause time (tap) 
- OFF M/S 3:2 OFF tap = 1,5 s (DTMF); 3 s (PD) 
iT ON M/S2:1 ON tap = 2,5 s (DTMF); 5 s (PD) 
= Tone burst time (tb) Keyboard expansion (EKB) 
S OFF typ = 70 ms OFF normal keyboard 
Lu 
rf ON ttp = 100 ms ON expanded keyboard 
Qs Inter-digit pause (IDP) Normal/direct call (N/D) 

OFF IDP = 900 ms OFF normal call mode 

ON IDP=500 ms ON direct call (emergency) 

ROWS COLUMNS 
—_—a"@*("———~. 


wl 


standard key 
keyboard 


eee 
eles eae 
Eales ees 
> 

BEBE 


on off 


diode option key 
diode options 


M/S] ttb tap 


Fig. 4 Keyboard organization. 


7280936 
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FUNCTIONAL DESCRIPTION (continued) 
Dialling mode selection input (PD/DTMF) 
This input selects the dialling mode: 


e PD/DTMF = LOW selects pulse dialling 
© PD/DTMF = HIGH selects DTMF dialling 


Reset input/output (RESET) 

When the reset input is active HIGH it can be used to initialize the IC. 

In normal application this is achieved by the CE input. 

Reset is also an output of the internal power-on-reset circuit, which generates a ‘reset pulse if Vop 
drops below 1;3 V (typ.). 
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OPERATION 


The PCD3341 has 3 operating modes: 


e Standby 
@ Conversation 
@ Dialling 


Standby mode 


When the chip enable input (CE) is LOW the IC is disabled. In the standby mode the only current 
drawn is from a back up supply (battery or line powered), for memory retention, holding up to 13 call 
numbers for repertory and redialling. 


Conversation mode 


After the handset is lifted CE is activated and Vpp rises to the working voltage. M1 muting is inactive 
and speech or dial tone can be heard. With the oscillator operating the chip is ready to accept keyboard 
entries. Current consumption is < 300 pA. 


Dialling mode 
The dialling mode starts with first valid keyboard entry when it initiates: 


® anormal call of a newly dialled number 
or 
® a repertory or redialling cycle of previously entered and stored numbers 


The current consumption is < 600 yA. 


Pulse dialling (PD/DTMF = LOW) 


The keyboard entry initiates a recall from a previously stored number or is a simultaneous keying-in 
and pulsing-out activity, with storing for possible later recall. If in the recalled number or at keying-in 
the keys *, #, A, B, C, D keys are used these digits will not be transmitted. Normally, keying-in is 
faster than pulsing-out (fed from the redial register). Pulsing sequences start with M1 going HIGH 
followed by an inter-digit pause of 900 or 500 ms duration (diode option IDP), followed by a sequence 
of pulses corresponding to the present digit in store. Each pulse starts with a mark (line break) followed 
by space (line make). 

The pulse period is 100 ms with a mark-to-space ratio of 3:2 or 2:1 (diode option). After transmission 
os a digit, the next digit will be processed again starting with an inter-digit pause. The pulsing is 
suspensed if HOLD goes LOW. It will be terminated if the current memory content has been | 
transmitted or the handset is replaced (CE = LOW < tq). The pulses are available on the DP line. 

After completion of the number string M1 goes LOW and the circuit changes from dialling mode to 
conversation mode. 


DEVELOPMENT DATA 


Dual Tone Multi Frequency dialling (PD/DTMF = HIGH) 


The PCD3341 converts keyboard inputs into serial data, via the |? bus lines SDA and SCL, suitable for 
control of the PCD3312 DTMF tone generator. These tones are transmitted with minimum tone burst 
durations of 70, 70 ms. The maximum tone burst duration is equal to the key depression time. With 
redial and repertory dialling tones are automatically fed at a rate of 70, 70 ms. After dialling the muting 
output goes LOW after a hold-over time of 80 ms and the circuit is switched to the conversation mode. 
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SYSTEM EXTENSION 


The PCD3341 can control the extensions of a telephone set via its 12?C bus. Both in DTMF dialling and 
pulse dialling, an extended repertory dialler provides more than 10 stored on-chip numbers and the 
indication on a L.C. display of all keys pressed (programming or dialling procedure). 

The following ICs can be used in combination with the PCD3341: 


@e PCD3312 DTMF generator 
@e PCD8570 256 x 8 static CMOS RAM 
@ PCF8577 2 LCD drivers in LCD module 


DTMF dialling 


By using a PCD3312 DTMF generator with I°C bus interface, the PCD3341 may be extended to Dual 
Tone Multi Frequency dialling applications. This is selected when the input pin PD/DTMF = HIGH. 
DTMF dialling is much faster than pulse dialling. Each keypad digit corresponds to a unique combina- 
tion of two frequencies; one from a group of 4 high frequencies, and one from a group of 4 low 
frequencies. Both frequencies are applied simultaneously to the line. 

The PCD3341 is capable of directly driving the PCD3312 oscillator. 


Repertory dialling 

If more than 10 stored numbers are required repertory dialling can be extended by the !?C bus lines 
and external CMOS RAMs (PCD8570) with serial interface. With a RAM capacity of 256 x 8 bits 
another 20 stored numbers can be added. A maximum of 5 external RAMs can be served by the 
PCD3341 directly. This provides a telephone with a total capacity of 110 (100) stored numbers. 
The number of external RAMs connected on the I?C bus lines is automatically checked by the 
PCD3341 at initial turn-on. 

To identify each RAM, the PCD8570 has 3 hardware address pins (A2, A1, AQ) which allows a 
maximum of 8 RAMs to be connected. | 


Table 1 Repertory number organisation 


PCD8570 address Keyboard digit(s) 
A2 Atl AO Without EKB | With EKB 


10 to 29 00 to 19 
30 to 49 20 to 39 
50 to 69 40 to 59 
70 to 89 60 to 79 
90 to 99 80 to 99 


Display 


To display the dialled phone number or programmed number the PCD3341 provides the signals to 
control a LC Display module using two PCD8577 duplex drivers. These signals are fed via the I?C bus 
lines. 

In the dialling and programming modes the digits are displayed from right to left in the sequence 
entered by the keyboard. The access pause is indicated by the bar. If the number of digits exceeds 16, 
they drop out on the left side of the display. 


328 September 1985 


CMOS repertory dialler telephone set controller PCD3341 


OPERATING PROCEDURE 


Initialization 


At the first application of the standby power supply, the PCD3341 will clear the RAM in order to 
avoid a wrong content. 

By lifting the handset the buffer capacitor for Vpp is charged to the operating voltage. CE will than be 
activated. Within start-up time the oscillator starts and the initialization program begins. 


Automatic access pause setting 


Before the start procedure, the system can also be initialized by setting the access pause system (e.g. 
for PABX applications). The circuit will automatically insert an access pause after recognition of access 
of a number within a digit group. This (or these) digit(s) must be programmed. Up to a maximum of 

3 digits per group can be programmed. 

The procedure is as follows: 


@ Depress and hold pushbutton P 

Press and release pushbutton R 

Enter 1, 2 or 3 digits as access digit for first group 

Release pushbutton P (only if no second group is required) 
Press and release pushbutton R 

Enter 1, 2 or 3 digits for second group 

Release pushbutton P 


Apart from the procedure that automatically detectes and insertes access pause(s), a telephone number 
with up to 2 additional manually inserted access pauses can be dialled or programmed, by pressing 
button AP. In DTMF dialling mode each access pause has a duration of 1,5 or 2,5 seconds. In PD mode 
each access pause has a duration of 3 or 5 seconds. 


Data entry 
The debounce keyboard entries are written into the on-chip CMOS RAM in consecutive order. 


DEVELOPMENT DATA 


Dialling 


If the first pushbutton pressed is 0 to 9 in pulse dialling or 0-9, A to D, *, # in DTMF dialling, digits 
are entered into the redial register after initial clearing. During the data entry the circuit starts with the 
transmission of the call and is unaffected by the speed of entry. Transmission continues as long as 
further data input has to be processed. Up to 18 digits can be stored in the redial register. After the 
main store overflows, a 10 digit First-In First-Out register (FIFO) takes over as buffer. After transmit- 
ting the first digit of the FIFO register this position is automatically cleared to provide space for the 
storage of new data. In this way, the total number that can be transmitted is unlimited, provided the 
key-in rate is not excessive. However, if the FIFO register overflows (more than 10 digits in store) 
further input will be ignored. 


Redial 


If the first digit entered is ‘‘REDIAL” R, the stored number in the redial register will be recalled and 
transmitted. 

If the current content is less than 18 digits, new digits entered are appended automatically to the 
redial number. After the 18th digit has been entered the FIFO register will take over as previously 
described in the dialling section. 
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OPERATING PROCEDURE (continued) 
Extended Redial 


The dialled number is saved in the extended redial buffer if pushbutton P is the last key pressed before 
the handset is replaced. 

By pressing and releasing pushbutton P followed by pressing and releasing pushbutton R, will cause 
the extended redial register to be recalled and transmitted in the same manner as by redial. If less than 
18 digits are contained in the extended redial register, digits can be added until the total content is 18. 
After the 18th digit the FIFO register will take over as before. The original number is not affected by 
the new digits 


Direct call/Emergency call 


This is a diode option usually operated by a turn key switch. If set the programmed number will be 
dialled by pressing ANY key. In normal mode the turn key switch is positioned OFF with the diode 
option OFF. 

Programmed is achieved by lifting the handset, depressing the P pushbutton with key in the OFF 
position, then turning the key switch to ON position (diode option ON). The required telephone 
number is now entered. Pushbutton P can now be released and the handset replaced. 

After programming, the key switch can remain in the ON position (activating emergency call) or be 
switched off (normal mode). If the key switch is the ON position, emergency calling is possible by 
removing the handset and pressing ANY pushbutton. 


Repertory dialling 


The PCD3341 has an on-chip CMOS RAM to store up to ten 18 digit numbers, and can be extended 
up to 100 (110) numbers using external CMOS RAMs with 2-line serial interface. The circuit automatic- 
ally checks the number of external RAMs. If no external RAM is connected the on-chip repertory is 
limited to 10 numbers. In this application the standard keypad (0 to 9) and one digit address can be 
used. With the diode option EKB (expanded keyboard) ON the extended keypad matrix (M1 to M10) 
can be used to access the on-chip repertory. If external RAMs are connected the capacity of the 
repertory can be increased up to 100 (110) numbers. In this application the standard keypad (0 to 9) 
and/or the extended keypad (M1 to M10) can be used to access the repertory (see Table 1). 
Programming is possible only after the handset is lifted and no pushbutton is operated before P. 

_ Programming is achieved by pushbutton P being continually depressed, entering the repertory address 
of one or two digits, followed by the number (including access digits) then releasing pushbutton P. 
The designated telephone number, including access digits, is dialled after pressing pushbutton P 
followed by the address. With extended keypad a single address pushbutton is required. After trans- 
mission of the repertory sequence, it is possible to manually enter additional digits (see redial). 


Successive repertory dialling during a call (chain dialling) 


It is possible to dial more than one repertory number during one single telephone call. 
The following procedures are possible: 


@ Redial, extended redial or a repertory number followed by new digits 
@ Repertory number followed by one or more repertory numbers 
@ Normal dial, redial or extended redial followed by one or more repertory numbers 
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Note pad 


Note pad provides the facility to store a number during conversation mode without dialling and muting. 
This number will be stored in the extended redial register and recalled with the extended redial 
procedure. 

The programming procedure is as follows: 


@ Depress and release pushbutton P. 
@ Depress and release pushbutton P 
@ Enter the telephone number 

@ Depress and release pushbutton P 


lf a wrond number is entered, correction is achieved by re-starting the programming procedure. 


Memory clear 


A built-in manually total clear facilitates resetting of the autodial RAM after servicing, maintenance or 
telephone set delivery. 
The procedure is as follows: 


@ Hook-on, depress and keep depressed keys 2, 5, 8, O 
@ Hook-off, release keys 2, 5, 8, O 


key procedure 


PROORQ 
004627530 
R 


Table 2 Display indications 


procedure 


Programming automatic 
access pauses after access 
digits 

dialling 


display indication 


Pr—OO-9 
00—4627530 
r=O00—4627530 


redial 

Extended redial 
programming 
dialling 
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00—-4627530P 
Pr=00—-4627530 


004627530P 
PR 


emergency redial 
programming 
dialling 


PH—~OO-—4627530 
H=00—4627530 


P12—00—4627530 
P12—00-—4627530 
P12=00—4627530 


N/D OFF, P, N/D ON(+ TN) 
N/D ON any key 
P12004627530 


P12004627530 
P12 


repertory programming 
programming 
dialling 


repertory with 

extended keyboard 
programming 
dialling 


PM1—00-—4627530 
M1=00—4627530 


7530PPO0O0—808080P 
00—808080 


P M1 004627530 
M1 


PPOO80808P 
PR 
incorrect key procedure 


note pad programming 


note pad dialling 


error 


Where: TN = telephone number 
P = depress and release pushbutton P 
P =depress pushbutton P continually during programming 
R =depress and release pushbutton R 
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RATINGS 


Limiting values in accordance with the Absolute maximum System (IEC 134) 


Supply voltage range (pin 28) 

D.C. current into any input or output 
All input voltages 

Total power dissipation 

Power dissipation per output 

Storage temperature range 

Operating ambient temperature range 
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VoD 

+ ly, t lo 
V1 

Prot 

Po 

T stg 
Tamb 


—0,8 to 8 

max. 10 
Vss —0,8 V to Vpp + 0,8 
max. 500 
max. : 50 
—65 to + 150 

-25to +70 
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CHARACTERISTICS 


Vpp =3 V: Vsg = 0 V; crystal parameters: fog = 3,57954 MHz; Rg = 50 2 max.; Tamb = 25 OC; 
unless otherwise specified. 


Supply 
Operating supply voltage 


Operating supply current 
conversation mode (CE = 1) 
dialling mode (CE = 1) 


Standby supply voltage (CE = 0) 
Standby supply current (CE = 0) 


RESET I/O 
Switching level 

at Vop < VRESET 
Sink current 

at Vpp < VRESET 


Inputs 
Input voltage LOW (any pin) 
Input voltage HIGH (any pin) 


Input leakage current; CE 
at V; = Vss to Vpp 
at CE = 1 
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Keyboard contact resistance 
Keyboard ON 
Keyboard OFF 


Outputs 
M1, M1, M3, DP, DP 
Output sink current 
at VoL = 0,4 V 
Output source current 
at VoH = 2,6 V (push-pull) 
SDA, SCL 
Output sink current 
at VoL = 0,4 V 


Output source leakage current 
at Voy = 0 to Vpp (open drain) 
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CHARACTERISTICS (continued) 


panei *di rin [ve [memo 


Inputs/Outputs | 
COL 1 to 6, ROW 1 to 6, HOLD, APO 
Output sink current 

at Vo, = 0,4 V 
Output source current 

at Vou = 2,6 V 
Output source current 
at Voy = Vss 


TIMING (see Figs. 5, 6 and 7) 
Clock start-up time 


Oscillator period 


Pulse dialling (PD/DTMF input LOW; M/S diode OFF) 
Mark-to-space ratio 3:2 


Dialling pulse frequency 


Dialling pulse period 


Break time 


Make time 
Mark-to-space ratio 2:1 (M/S diode ON) 
Dialling pulse frequency 


Dialling pulse period 


Break time 
Make time 


Access pause 
tap diode OFF 
tap diode ON 


Mute hold-over time during access pause 


Inter-digit pause 
IDP diode OFF 
IDP diode ON 


Reset delay time \ 


Reset delay time during access pause 


Debounce time 


Flash pulse duration 
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DTMF dialling (PD/DTMF input HIGH; 
SDA timing via PCD3312) 


Tone transmission time (typ diode OFF) 


Tone break time 

Mute hold-over time during dialling 
Tone transmission time (typ diode ON) 
Tone break time 

Mute hold-over time during dialling 


Access pause 
tap diode OFF 
tap diode ON 


Mute hold-over time during access pause 
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Timing diagrams 


handset handset 
lifted replaced 


| 


CE 


CLOCK 


KEYBOARD 
ENTRY 


DP 


PULSE 
DIALLING Mi 


DIAL 2 sili cas DIAL3 DIAL 1 Lod STANDBY 
TIME 


CONVERSATION MODE OUT 


DTMF 


DTMF | 
DIALLING 
a ae ae ae | 
eal tH TONE 3 tH a _ a ee 
TONE 2 
CONVERSATION MODE 3 


7Z80940 


Fig. 5 Pulse dialling; DTMF dialling. 
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KEYBOARD 
ENTRY 


KEY 


KEY INPUT ACCEPTED FREE += 
7280937 


KEY R ee ee 


ee FT  FS!™COCU SSC*C<“‘«i‘sS SC 


DIAL 


TONE : 
tap 
<DIAL2 tap =38 DIAL 2 tap =° DIAL 2 DIAL 2—»> 


7280938 


Fig. 7 Access pause with reset by; internal 3 s timer, key R, tone recognizer. 


Purchase of Philips’ 1?C components conveys a license under the 
Philips’ 1?C patent to use the components in the I?C-system 
provided the system conforms to the |?C specifications defined 
by Philips. 
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APPLICATION INFORMATION 


| Vpp 


vU 
‘@) 
O 
OO 
up to 8 x PCD8570 ~ 
onl 


DTFM 


supply 3,58 MHz 27 pF 


supply eg eS = mal (| PCD3312 AO 


AO 
PCD8570 A1 
A2 


ep) 
© 
To 
p= 
@ 
3 
on 
i) 
x 
—_ 
Co} 
00 
ol 


RESET. XTAL2 XTAL1 


SCL 


SDA 


ground 


mute lines PCD3341 


COLUMNS 

2 3 4 
ee 
EEE 


line interrupter 


2 x PCF8577 
or flash output 


| 
| 
el 
| 


1 1 


Bao |oo vm 


M/S} tra N/Dj diode options 


Fig. 8 PCD3341 in combination with PCD3312 (DTMF dialler), PCD8570 (2 K RAM) and PCF8577 (display drivers). 


DEVELOPMENT DATA 
This data sheet contains advance information and PCD3343 


specifications are subject to change without notice. 


CMOS MICROCONTROLLER FOR TELEPHONE SETS 


GENERAL DESCRIPTION 


The PCD3343 is a single-chip 8-bit microcontroller fabricated in CMOS. It has special on-chip features «— 
for application in telephone sets. 

The device is mask programmable, designed to provide telephone dialling facilities such as redial, 

repertory dial, emergency call, keyboard scan and control for liquid crystal display, pulse dial and/or 

DTMF dial via dedicated peripheral. 


Features 


@ 8-bit CPU, ROM, RAM, I/O ina single 28-lead DIL or SO package 

3 K ROM bytes 

224 RAM bytes 

20 quasi-bidirectional |/O port lines __ 

Two test inputs: one of which is also the external interrupt input (CE/TO) 

Single-level vectored interrupts: external, timer/event counter, serial |/O 

Serial 1/O which can be used in bus systems with more than one master (serial |/O data via an 
existing port line and clock via a dedicated line) 

8-bit programmable timer/event counter 

Over 80 instructions (based on MAB8048, MAB8400 and PCF8500) 

All instructions 1 or 2 cycles 

Clock frequency 100 kHz to 10 MHz 

Single supply voltage from 1,8 V to 6 V 

Low standby voltage and current 

STOP and IDLE mode 

On-chip oscillator with output drive capability for peripherals (e.g. PCD3312 DTMF generator) 
Configuration of all |/O port lines individually selected by mask: pull-up, open drain or push-pull 
Power-on-reset circuit and low supply voltage detection 

Reset state of all ports individually selected by mask 

Operating temperature range: —25 to + 70 °C 


PACKAGE OUTLINES 


PCD3343P : 28-lead DIL; plastic (SOT-117). 
PCD3343D: 28-lead DIL; ceramic (CERDIP) (SOT-135A). 
PCD3343T : 28-lead mini-pack; plastic (SO-28; SOT-136A). 
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PCD3343 bein, wee 7 bee: 


SERIAL DATA/P23 Peon a 
(pin 2) P17—Pig Po7—Po0 


PORT 1 PORT O 
BUFFER BUFFER 
DECODE 
PORT 1 PORT 0 
aac LATCH 


SCLK 


. RESIDENT ROM 
(pin 3) 


P22-P20 
(pins 1,27, 26) 


CLOCK DATA PORT 2 
BUFFER 


PORT 2 
LATCH 
OUTPUT 


INTERFACE 


3K BYTES 


LATCH 


MEMORY 


BANK 
FLIPFLOPS 


SERIAL 
INPUT / 


TIMER/ 
EVENT 
COUNTER 

(8) 


HIGHER 
PROGRAM 
COUNTER 

(5) 


LOWER 
PROGRAM 
COUNTER 
(8) 


INTERNAL ae 
CLOCK 
FREQ. TEST 1 
+ 30 


PROGRAM 
STATUS 
WORD 


sio 
inter. 


(VARIABLE LENGTH) 


OPTIONAL SECOND 
REGISTER BANK 


RAM 
ACCUMULATOR EHOG BAM ADDRESS 
(8) COUNTER REGISTER 


ARITHMETIC 
LOGIC UNIT 


INSTRUCTION 
REGISTER 


& 
DECODER 


mooomG 


Vv +— CE/TO 
DD 
+— TEST 1 


desided Vv external : 
SUPPLY SS : DECIMAL TIMER 
t 
——= GND interrupt ADJUST CONDITIONAL Jq— FLAG 


i¢— CARRY 


DATA STORE 


STOP +— ACC 


ACC BIT 
TEST 


CONTROL & TIMING 
RESET XTAL1 XTAL2 


IDLE CE/TO 


RESIDENT RAM ARRAY 


INTERRUPT INITIALIZE OSCILLATOR 
XTAL 7287781 


Fig. 1 Block diagram; PCD3343. 


(2) 
ion 


— 


7Z86142 


(a) | . (b) 
Fig. 1a Replacement of dotted part in Fig. 1, Fig. 1b Replacement of dotted part in Fig. 1, 
for the PCF8500F bond-out version. for the PCF8500B ’Piggy-back’ version. 
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CMOS microcontroller for telephone sets 


PINNING 


P22 Vpop 
P23 P21 
SCLK P20 
POO P17 
PO1 P16 
PO2 P15 
P03 P14 
PCD3343 
P04 P13 
PO5 P12 
PO6 P11 
PO7 P10 
CE/TO RESET 
T1 XTAL2 
Ves XTAL1 


7Z87783 


Note CE/TO is labelled INT/TO on the PCF8500B and has inverted polarity. 


PCD3343 


Fig. 2 Pinning diagram: PCD3343 and bottom pinning PCF8500B. 


PIN DESIGNATION 


3 
4-11 
12 


13 


14 
15 


16 
17 


18-25 
26,27, 1,2 


28 


SCLK 
POO-PO7 
CE/TO 


T1 


Vss 
XTAL 1 


XTAL 2 


RESET 


P10-P17 
P20-P23 


VDD 


Clock: bidirectional clock for serial |/O. 
Port 0: 8-bit quasi-bidirectional |/O port. 


Interrupt/Test 0: external interrupt input (sensitive to positive-going | 
edge)/test input pin; when used as a test input directly tested by 


conditional branch instructions JTO and JNTO. 


Test 1: test input pin, directly tested by conditional branch instructions 
JT1 and JNT1. T1 also functions as an input to the 8-bit timer/event. 


counter, using the STRT CNT instruction. 
Ground: circuit earth potential. 


Crystal input: connection to timing component (crystal) which determines 
the frequency of the internal oscillator; also the input for an external 


clock source. 


connection to the other side of the timing component. 


Reset input: used to initialize the processor (active HIGH), or output of 


power-on-reset circuit. 
Port 1: 8-bit quasi-bidirectional !/O port. 


Port 2: 4-bit quasi-bidirectional |/O port. P23 is the serial data 


input/output in serial 1/O mode. 
Power supply: 1,8 V to 6 V. 
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PINNING (continued) 


PCF 8500B 


DO-D7 


EPROM 


max. 8K bytes PCF8500B SCLK 
CE BOND OUT CHIP 


——_—__» 
T1 
fener cnn ree tneeen aerate 


INT/TO 


7287784 


7287785 


Fig. 3 Pinning diagram: PCF8500B Fig. 3a Connection of EPROM to 
‘Piggy-back’ version top pinning; ‘Piggy-back’ package PCF8500B. 
to access a 2732 or 2764 EPROM. 


PIN DESIGNATION 


14, 22 Vss Ground 

1, 26-28 VppD Power supply 

10-3, 25, 24,21,23,2 A0-A12 Address outputs 
11-13, 15-19 DO-D7 Data 

20 | PSEN. Program store enable 
Notes 


1. RAM capacity of PCF85008B is 256 bytes. 
2. Access time for ROMS/EPROMS to be below 7 x 1/fx TAL. 
3. Pin 12 CE/TO is on the PCF8500B, inverted and labelled INT/TO. 
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FUNCTIONAL DESCRIPTION 


Bond-out version PCF8500F 


The PCF8500F is a microcontroller that contains no on-board ROM, but has all address and data lines 
brought-out to access an external ROM or EPROM. This version has more pins than the PCD3343 
with on-board ROM (see Fig. 1a). The RAM has 256 bytes. It can address 8 K bytes of ROM. 


‘Piggy-back’ version PCF8500B 


The PCF8500B is a special package that has standard pinning to the bottom which facilitates insertion 
as a mask-programmed device. An EPROM can be mounted on top in an additional socket. The total 
package height is greater than the standard DIL package. The RAM has 256 bytes and can also address 
8 K bytes of program memory. 


Program memory PCD3343 


The program memory consists of 3072 bytes (8-bit words), in a read-only memory (ROM). Each 
location is directly addressable by the program counter. The memory is mask-programmed at the 
factory. Figure 4 shows the program memory map. 


Four program memory locations are of special importance: 


@ Location 0; contains the first instruction to be executed after the processor is initialized (RESET), 
@ Location 3; contains the first byte of an external interrupt service subroutine, 

@ Location 5; contains the first byte of a serial 1/O interrupt service subroutine, 

@ Location 7; contains the first byte of a timer/event counter interrupt service subroutine. 


Program memory is arranged in banks of 2 K bytes, which are selected by SEL MB instructions. The 
program memory is further divided into location ‘pages’, each of 256 bytes. This latter division applies 
only for conditional branches. Memory bank boundaries can be crossed only by using the unconditional 
branch instructions after the appropriate memory bank has been selected. A CALL instruction can 
transfer control to a subroutine on any ‘page’; RET and RETR instructions can transfer control from 

a subroutine back to the main program. 
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Data memory PCD3343 


Data memory consists of 224 bytes (8-bit words), random-access data memory (RAM), All locations | 
are indirectly addressable using RAM pointer registers; up to 16 designated locations are directly 
addressable. Memory also includes an 8-level program counter stack addressed by a 3-bit stack pointer. 
Figure 5 shows the data memory map. 


Working registers 


Locations O to 7 are designated as working registers, directly addressable by the direct register 
instructions. Ease of addressing, and a minimum requirement of instruction bytes to manipulate 
their contents, makes these locations suitable for storing frequently addressed intermediate results. 
This bank of registers can be selected by the SEL RBO instruction. 


Executing the select register bank instruction SEL RB1,.designates locations 24 to 31 as working 
registers, instead of locations 0 to 7, and these are then directly addressable. This second bank of 
working registers may be used as an extension of the first or reserved for use during interrupt service 
subroutines saving the first bank for use in the main program. If the second bank is not used, locations 
24 to 31 may serve as general purpose RAM. 


The first locations of each bank contain the RAM pointer registers RO, R1, RO’ and R1’, which 
indirectly address all RAM locations. 


All RAM locations make efficient program loop counters when used with the decrement register and 
test instruction DJNZ. 
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FUNCTIONAL DESCRIPTION (continued) 


PCD3343 ve " . PCF8500B [| 


SEL MB1 


USER 
eae PCD 3343 [ 223[7 ~ Ram 
addressed 
SEL MBO : ; indirectly 
: ‘ through pointers 
RO, R1, RO’, R1’ 


(1) The program memory of PCF8500 
from 4 K to 8 K can be used 
via SEL MB2 and SEL MB3 


~ 


. . WORKING directly 

instructions . REGISTERS addressable 
when bank 1 
is selected 


8 LEVEL 
STACK 
or ‘ 
USER RAM 
8 16x8 
7 location 7 : timer/counter interrupt vector 
6 
5 location 5: serial 1/O interrupt vector | 
4 WORKING directly 
3 location 3: external interrupt vector REGISTERS addressable 
2 when bank 0 
1 is selected 
0 location O : reset vector 7Z87786 
7287787 
Fig. 4 Program memory map. Fig. 5 Data memory map. 


Program counter stack 


Locations 8 to 23 may be designated as an 8-level program counter stack (2 locations per level), or as 
general purpose RAM. The program counter stack (Fig. 6) enables the processor to keep track of the 
return addresses and status generated by interrupts or CALL instructions by storing the contents of 
the program counter prior to servicing the subroutine. A 3-bit stack pointer determines which of the 
eight register pairs of the program counter stack will be loaded with next generated return address. 


The stack pointer, when initialized to 000 by RESET, points to RAM locations 8 and 9. On the first 
subroutine CALL or interrupt, the contents of the program counter and bits 4, 6 and 7 of the program 
status word (PSW) are transferred to locations 8 and 9. The stack pointer increments by one and 
points to locations 10 and 11 ready for another CALL. Because an address may be up to 13 bits long, 
two bytes must be used to store each address. 


At the end of a subroutine, which is signalled by a return instruction (RET or RETR), the stack 
pointer decrements by one and the contents of the register pair on top of the stack are transferred to 
the program counter. The saved PSW bits are transferred to the PSW only by the RETR instruction. 


If not all 8 levels of subroutine and interrupt nesting are used, the unused portion of the stack may be 
used as any other indirectly addressable RAM locations. Possible locations from 32 to 223 may be 
used for storage of program variables or data. 


Nesting of subroutines within subroutines can continue up to 8 times without overflowing the stack. 
If overflow does occur the deepest address stored (locations 8 and 9) will be overwritten and lost 
since the stack pointer overflows from 111 to 000. It also underflows from 000 to 111. 
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The value of the saved contents of the program counter is different for an interrupt CALL compared 
to a normal CALL to subroutine. With an interrupt CALL, the program counter return address is 
saved; with a subroutine CALL, the saved program counter value is one less than the program counter 
return address. 


STACK 
72 
POINTER aire 


MSB LSB 
Fig. 6 Program counter stack. 


IDLE and STOP modes 
IDLE mode 


When the microcontroller enters the |DLE mode via the IDLE instruction (H’01’) the oscillator, 
timer/counter and serial |/O are kept running. The microcontroller exits from the |IDLE mode by one 
of three interrupts if they are enabled or by activating a RESET. If the interrupt is not enabled the 
processor will remain in the |DLE mode. An active signal on the RESET pin restarts the micro- 
controller and a normal RESET sequence is executed (see Fig. 7). 


DEVELOPMENT DATA 


program 
counter = 0 . 
NORMAL MODE IDLE MODE NORMAL MODE 
PROGRAM FLOW i a ain il 
RESET 
3) | RES __ 1866 
>1 ys clock periods 7Z87788 


Fig. 7 Exit from IDLE mode via a RESET. 
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FUNCTIONAL DESCRIPTION (continued) 


An active signal coming from an enabled interrupt causes the execution of the normal interrupt 
routine since normal interrupt scanning is still being carried out. A LOW-to-HIGH transition on the 
external interrupt pin (CE/TO) reactivates the microcontroller. A HIGH level applied to CE/TO will 
reactivate the microcontroller only in the STOP mode. Thus, if CE/TO was HIGH before the micro- 
controller entered the IDLE mode, it must go LOW before the microcontroller can be reactivated 
(see Fig. 8). 


IDLE program 


counter = 003 
—_——————— |JDLE MODE 


NORMAL MODE NORMAL MODE 


PROGRAMFLOW ———— 


OSCILLATOR LEELTLPELLTTEELTTEETTT PELLET PELLLRELLEELTEELEPELLTELTPELTEELTEELTTELT HTT 
CE/TO VM, 


n >4 a >7—-~i<- 60 —> 
clock clock clock 
periods periods periods 7287789 


Fig. 8 Exit from IDLE mode via an interrupt. 


Wake-up from the IDLE mode is ensured when CE/TO is LOW for 4 CP (clock periods) followed by a 
HIGH for 7 CP. After the initial forced CALL H‘003’ operation (60 CP) the program continues with 
the external interrupt service routine. 


STOP mode 


‘The microcontroller enters the STOP mode by the STOP instruction (H‘22’). The oscillator is switched 

off. The internal status of the CPU, RAM contents and the state of I/O ports are not affected. The 
microcontroller can be brought-out of the STOP mode by an active signal at the external interrupt 
input or by an external RESET signal. When one of these two signals is applied an internal delay of 
1866 CP is provided to ensure that all internal clocks are operating correctly before restart (see Fig. 9). 


If the microcontroller exits from the STOP mode by activating RESET, a normal RESET sequence is 


executed. 
program counter = 


STOP 0 or 003 
NORMAL MODE STOP MODE NORMAL MODE 
PROGRAM FLOW a 


RESET 


tRES __ 1866 _, 
>1ys clock periods 


OR 


CE/TO VII». 


alr |_ te6e 
>1ys clock periods 7287790 


Fig. 9 Entering and exiting the STOP mode. 
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If the microcontroller exits the STOP mode by pulling the external interrupt input pin HIGH, an 
interrupt sequence is executed only if the external interrupt is enabled. In this event the micro- 
controller resumes the normal program sequence after returning from the interrupt routine, as in the 
normal mode. If the interrupt is not enabled, it continues the normal program sequence, executing the 
instruction following the STOP instruction. 


The microcontroller is restarted by a HIGH level applied at the CE/TO pin, and not by a LOW-to-HIGH 
transition as in a normal interrupt mechanism. 


When the CE/TO level is active during the STOP instruction then no STOP is executed. 


A HIGH level on the external interrupt input of at least 1 us will cause the microcontroller to exit the 
STOP mode. 


1/O facilities | 
The PCD3343 family has 23 1/O lines arranged as: 


Port O parallel port of 8 lines (POO to PO7) 

@ Port 1 parallel port of 8 lines (P10 to P17) 

@ Port2 parallel port of 4 lines (P20 to P23) 

@ SCLK - serial !/O consisting of a data line shared with a parallel port line (P23) and a separate 
clock line SCLK 

CE/TO external interrupt and test input. When used as a test input can be directly tested by 
conditional branch instructions JTO and JNTO 

eT1 test input which can alter program sequences when tested by conditional jump instructions 

JT1 and JNT1. T1 also functions as an input to the 8-bit timer/event counter. 


Parallel ports 


All parallel ports can be used as outputs or inputs, their structure is quasi-bidirectional. 
Output data written to a port is latched and remains unchanged until rewritten. 
Input data is not latched and so must be present until read by an input instruction. 


Input lines are fully CMOS compatible, output lines can drive one LS-TTL or CMOS load. 


DEVELOPMENT DATA 
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ALL PORTS FOR IN AND OUTL INSTRUCTIONS 
7287791 


Fig. 10 Timing diagram of all ports on IN and OUTL instructions; for ANL and ORL instructions, 
the ports change on the time slot 7 of cycle 2. 


Fig. 11 shows the quasi-bidirectional |/O interface with push-pull output and switched pull-up current 


source. 
Each line is pulled up to Vpp via a constant current source (TR4), which is enabled via TR3 whenever 
one of the two output latches contains a logic 1. This current provides sufficient source current for a 
TTL HIGH level, yet can be pulled LOW by an external CMOS device, thus allowing the same pin to 
be used for both input and output. 
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FUNCTIONAL DESCRIPTION (continued) 


When a logic 1 is written to the line for the first time (MQ = 1, SOQ = 0), TR2 is switched on for the: 
duration of the internal write pulse (one oscillator period), to provide a fast transition from logic 0 to 
logic 1. Subsequent writing of a logic 1 to the port lines will not switch TR2 on. This prevents 
unnecessary current through external components connected to the port lines of the same port which 
might be in the input mode and also connected to ground. | 


When a logic_0 is written to the line, TR3 switches off the current source. Current sinking capability 
is provided by TR1, which is now switched on. When used as an input, a logic 1 must first be written 
to the line, otherwise TR1 will remain low impedance. 


In telephone applications this switched pull-up source may not be sufficient. Therefore the PCD3343 
offers the possibility to select individually 19 of the 20 parallel port pins (not P23), by the following 
mask options: 


Option 1- STANDARD PORT; quasi-bidirectional |/O with switched pull-up current source of 100 uA 
(typ.) and P-channel booster transistor TR2 (1,5 mA). TR2 is only active during 1 clock 
cycle (0,28 us at 3,58 MHz). | 


Option 2- OPEN DRAIN; quasi-bidirectional |/O with only an N-channel open drain output. 
Application as an output requires connection of an external pull-up resistor (Fig. 12). 


Option 3- PUSH-PULL OUTPUT; drive capability of the output will be 1,5 mA (typ.) at Vpp =3 V 
in both polarities. To avoid a large current flowing through the output transistors during the 
input mode, these push-pull pins must only be used as outputs (Fig. 13). 


Also, individual mask selection of the RESET state of these port pins can be achieved by appending 
the following options S and R to options 1, 2 or 3. 


Option S-SET; after RESET this pin will be initialized to HIGH. 
Option R-RESET; after RESET this pin will be initialized to LOW. 


WRITE PULSE 


DATA BUS 


constant 
current 
source 


ORL/ANL 


7287792 


Fig. 11 Standard output with switched pull-up current source. 
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WRITE PULSE cm Vpop 


DATA BUS 


1/0 PORT 
Be LINE 


ORL/ANL 


7287793 


Fig. 12 Open drain output. 


< 
ER WRITE PULSE Vop 
QA 
- 
Gi 
> DATA BUS 
5 constant 100 pA 
. “ current (typ.) 
’ uw source 
> a 1/O PORT 
th LINE 
a) 


ORL/ANL 


7287794 


Fig. 13 Push-pull output. 
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FUNCTIONAL DESCRIPTION (continued) 
Serial 1/0 (SiO) 


The PCD3343 has an on-chip serial |/O interface. This S!O interface is a versatile feature in an 
intelligent telephone set, as shown in application diagram Fig. 32. | 


In this application the SIO is used to communicate with the different peripherals, such as: 


e@ DTMF generator (PCD3312) 
e LCDdrivers | (PCF8577) 
e External RAM (PCD8571) 
@ Clock calendar (PCB8573) 


No extra hardware is required for decoding, addressing and data processing. 


Whereas a normal microcontroller must regularly monitor the serial data bus for the presence of data, 
the serial 1/O interface detects, receives and converts the serial data stream into parallel format without 
interrupting the execution of the current program. An interrupt is sent to the PCD3343 only when a 
complete byte is received. It then reads the data byte in one instruction. Likewise during transmission 
the serial 1/O interface performs parallel to serial conversion and subsequent serial output of the data. 
The microcontroller is only interrupted in the execution of its programmed tasks when a complete 
byte has been transmitted. 


The design of the PCD3343 serial |/O system allows any number of devices from PCF8500 family 
(clips) to be connected via the two-line serial bus. The ability of any devices to communicate, without 
interrupting the operation of any other devices on the bus, is an outstanding attribute of the system. 
This is achieved by allocating a specific 7-bit address to each device and providing a system whereby a 
device reacts only to a message prefixed with its own address or the ‘general CALL’ address. 

Address recognition is performed by the interface hardware so that operation of the microcontroller | 
need only be interrupted when a valid address has been received. This saves significant processing time 
and memory space compared with a conventional microcontroller employing a software serial interface. 
When the addressing facility is not required, for instance in a system with only two microcontrollers, 
direct data transfer without addressing can be performed. In multi-master systems, an automatically 
invoked arbitration procedure prevents two or more devices from continuing simultaneous transmission. 


In NORMAL (running) and IDLE mode, the serial |/O logic remains active; its internal system clock 
will be switched off when there is no activity on the serial bus. 


After execution of the STOP instruction, the oscillator of the PCD3343 is switched off. This means 
that the serial 1/O logic will remain in the state it was at the occurance of the STOP instruction. To 
avoid “‘bus block”’ problems.and to assure correct start-up of the bus after exit from the STOP mode, 
the user should disable the serial logic (ESO = 0) prior to the execution of the STOP instruction. This 
must be carried out only when the PCD3343 has finished a serial data transfer. 


Serial 1/0 interface 


Figure 14 shows the serial |/O interface. The clock line of the serial bus has exclusive use of pin 3 
(SCLK) while the data line shares pin 2 (serial data) with the I/O line P23 of port 2. When the serial 
|/O is enabled, P23 is disabled as a parallel port line; (P23 and SCLK only open drain). 


The microcontroller and interface communicate via the internal microcontroller bus and the Serial 
Interrupt Request line. Data and information controlling the operation of the interface are stored in 
four registers: 


@ Data shift register (SO) 

- @ Serial |/O interface status word (S1) 
® Serial clock control word (S2) 
@ Address register 
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Data shift register (SO) 


Register SO converts serial data to parallel format and vice versa. A pending interrupt is generated only 
after a complete byte has been transmitted, or after a complete data byte, specific address or ‘general 
CALL’ address has been received. The most significant bit is transmitted first. 

Serial I/O interface status word (S1) 


Register S1 provides information concerning the state of the interface and stores information from the 
microcontroller. Bits 0 to 3 are duplicated: control bits in these positions can only be written by the 
microcontroller, while interface bits can only be read. 


MST and TRX (see Table 1) 
These bits determine the operating mode of the serial |/O interface. 


Table 1 Operating modes of the serial I/O interface 


operating mode 


slave receiver 


master receiver 
slave transmitter 
master transmitter 


BB: Bus Busy. 

This is the flag which indicates the status of the bus. 

PIN: Pending Interrupt Not 

PIN = ‘0’ indicates the presence of a pending interrupt, which will cause a Serial Interrupt Request 
when the serial interrupt mechanism is enabled. 

ESO: Enable Serial output 


The ESO flag enables/disables the serial 1/O interface: ESO = ‘1’ enables, ESO = ‘0’ disables. ESO can 
only be written by software. 


BCO, BC1 and BC2 


Bits BCO, BC1 and BC2 indicate the number of bits received or transmitted in a data stream. These 
bits can only be written by software. 


AL: Arbitration Lost 

The arbitration lost flag is set by hardware when the serial |/O interface, as master transmitter, loses a 
bus arbitration procedure. | 

AAS: Addressed As Slave 


This flag is set by hardware when the interface detects either its own specific address or the ‘general 
CALL’ address as the first byte of a transfer and the interface has been programmed to operate in the 
address recognition mode. 

ADO: Address Zero 

This flag is set by hardware after detection of the ‘general CALL’ address when the interface is operating 
in the address recognition mode. 

_LRB: Last Received Bit 

This contains either the last data bit received or, for a transmitting device in the acknowledgement 
mode, the acknowledgement signal from the receiving device. 


Bits AL, AAS, ADO and LRB can only be read by software. 


DEVELOPMENT DATA 
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FUNCTIONAL DESCRIPTION (continued) 
Serial clock control word (S2) 


Bits 0 to 4 of the clock control register S2 are used to set the frequency of the serial clock signal. When 
a 3,58 MHz crystal is used, the frequency of the serial clock can be varied between 92 kHz and 580 Hz 
(see Table 2). An asymmetrical clock with a HIGH-to-LOW ratio of 3 : 1 can be generated using bit 5. 
The asymmetrical clock allows a microcontroller more time per clock period for sampling the data line, 
making the timing of this action less critical. Bit 6 can be used to activate the acknowledge mode of 
the serial 1/O. S2 is a write only register. 


Address register 
The address register contains the 7-bit address back-up latches and the bit (ALS) used to enable/disable 


the address recognition mode. The address register can be written using the MOV SO, A and MOV SO, 
# data instructions, but only when ESO = ‘0’. 


Serial I/O interrupt logic 
An EN Sl instruction enables and a DIS SI instruction disables the interrupt logic. When the logic is 
enabled, a pending interrupt results in a serial |/O interrupt to the processor, causing a CALL to 


location 5 in the ROM. When disabled, the presence of an interrupt is still indicated by PIN in $1, 
allowing the interrupt to be serviced. However, vectored interrupt will not occur. 
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Table 2 S10 clock pulse frequency control when using a 3,58 MHz crystal 


hexadecimal fscLK (kHz) 
$20-S24 code divisor (approximate) 


not allowed 


TMMNODONOWPODMNRAMAWNH=O 
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FUNCTIONAL DESCRIPTION (continued) 
Table 3 Serial |/O addresses for telephony peripherals 


address 
type 7 6 5 4 description 


PCF8570A 2K RAM 
PCF8570 2K RAM 
PCD8571 1K RAM 
PCD3311 DTMF dialler 
PCD3312 DTMF dialler 

PCE 2111 LCD driver * 
PCD8573 clock calendar 
PCF 8574 8-bit |/O expander 
PCF 8576 1: 4 LCD driver 
PCF 8577 1:2 LCD driver 


_—= = O-| OO - = © OO 
=—_aar oA OOdao- = — 
=e =| SO OOOCAC0O SO 


1 
1 
1 
0 
0 
0 
1 
0 
0 
0 


* LCD driver requires an additional enable line. 
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Fig. 14 Serial I/O interface. 
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FUNCTIONAL DESCRIPTION (continued) 
- Interrupts (see Fig. 15) 


When the external interrupt is enabled, a LOW-to-HIGH transition on the CE/TO input initiates an 
external interrupt subroutine which causes a CALL to program memory location 3 following 
completion of the current instruction. 

The interrupt must remain enabled until the interrupt instruction is completed, otherwise the next 
instruction of the main program will be executed. Serial |/O interrupt, when enabled, causes a CALL 
to location 5, and a timer/event counter overflow forces a CALL to location 7 when the timer 
interrupt is enabled. 


When an interrupt subroutine starts, the contents of the program counter and bits 4, 6 and 7 of the 
PSW have been saved in the program counter stack. Accumulator contents have to be saved by 
software. Interrupt acknowledgement can be carried out by software via port pins. All interrupt 
subroutines must reside in memory bank 0. 


Since the interrupt system is single level, once an interrupt is detected, all further interrupt requests 
are latched, but ignored, pending a RETR instruction to re-enable the interrupt input logic. After 
executing RETR, the program continues in the main part; this is independent of the occurance of a 
second interrupt during the running of the first routine. If 2 or 3 interrupts occur simultaneously, 
their priority is: 

@ (1) external 

@ (2) serial I/O 

@ (3) timer/event counter 

An external interrupt can be generated by using the timer/counter in the event counter mode. The 
counter is first preset to (H’FF’), then EN TCNTI instruction is executed. A LOW-to-HIGH transition 
of the T1 input will then initiate an interrupt subroutine and cause a CALL to location 7. 


On execution of a DIS | instruction, the PCD3343 always clears the digital filter/latch and the 
External Interrupt Flag. 


The Timer Flag (TF) is reset only when the JTF or JNTF instruction is executed or after RESET. 
The Timer Interrupt Flag is set when timer overflow occurs, only if the timer interrupt is enabled. 
The microcontroller will exit the IDLE mode when any one of the following three interrupts is enabled: 


e External 
@ Serial |/O 
® Timer/event counter 


There is no internal pull-up or pull-down device connected to the external interrupt input (pin 12). 
If required pin 12 must be externally connected to a resistor (R < 100 k&2). When the external 
interrupt is not used pin 12 must be connected to Vss. 
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Fig. 15 Interrupt logic. 


Notes to figure 15 
1. CE/TO positive edge is always latched in the digital filter/latch. 


2. Correct interrupt timing in ensured when CE/TO is LOW for > 4 CP followed by a HIGH for >7 CP. 

3. When the interrupt in progress flag is set, further interrupts are latched but ignored, until RETR is 
executed. 

4. A DIS | instruction always clears a pending external interrupt. 


August 1984 357 


PCD3343 


FUNCTIONAL DESCRIPTION (continued) 
Oscillator (see Fig. 16) 


The 3,58 MHz oscillator can be inhibited by the STOP instruction under software control. It is also 
inhibited when a low-voltage condition is present to prevent discharge of a weak back-up battery. 


Provided the supply voltage is within the operating range, the oscillator will be restarted after a STOP 
instruction by a HIGH level at either the CE/TO or RESET pin. 


PCD3343 


3,58 MHz 7Z87795 


Fig. 16 Oscillator with integrated elements. 


The oscillator has the output drive capability for the DTMF generator (PCD3311/3312) via pin 16 
(XTAL 2). An external clock can be applied to pin 15 (XTAL 1). A machine Go consists of 10 time 
slots, each time slot being 3 oscillator periods. 


In telephony applications the 3,58 MHz crystal provides a 8,4 us machine cycle. The range of the clock 
frequency is from 100 kHz up to a maximum which is a function of the supply voltage (see Fig. 23). 


Timer/event counter (see Fig. 17) 


An internal 8-bit up-counter is provided. This can count external events, modulo-32 machine cycles, or 
machine cycles directly. Table 4 gives the instructions that control the counter and the prescaler, and 
the functions performed. 


When used as a timer, the input to the counter is either the overflow or input of a 5-bit prescaler. 

When used as an event counter, LOW-to-HIGH transitions on pin 13 (T1) are counted. The maximum | 
rate at which the counter may be incremented is once every machine cycle (182,6 kHz for a 8,4 us 
machine cycle). When the counter overflows, the timer flag is set. The flag can be tested and reset using 
the JTF (jump if timer flag = 1) or JNTF instruction. Overflow also generates an interrupt to the 
processor via setting of the Timer Interrpt Flag when the timer/event counter interrupt is enabled. 
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Table 4 Timer/event counter contro! 


timer mode 
function modulo-1, modulo-32* 


CLEAR MOV T,A (A) =0 


counter mode 


MOV T,A (A) =0 


or RESET or RESET 
PRESET MOV T,A MOV T,A 
START STRT T STRT CNT 
STOP STOP TCNT STOP TCNT 

or RESET or RESET 
TEST JTF/JNTF JTF/JINTF 


READ** MOV A,T MOV.A,T 


PRESCALER 
+ 32 


XTAL +30 
(internal clock 
frequency ) 


cleared on 
start timer 


PS=1 


AG 

= EDGE a 
DETECTOR| 6 
Cc 


A= START TIMER 
B = START COUNTER 
C = STOP TIMER/COUNTER 


jump if 
timer flag 
load or read = 1 


8-BIT 
TIMER/ 
EVENT 

COUNTER 


cleared 
on reset 


7Z89 148 


Program status word (see Fig. 18) 


PCD3343 


Fig. 17 Timer/event counter. 


The program status word (PSW) is an 8-bit word (1 byte) in the CPU which stores information about 


the current status of the microcontroller. 
The PSW bits are: 


@ Bits 0 to 2 
@ Bit 3 


stack pointer bits (SPo, SP4, SP2) 

prescaler select (PS); 

0 = modulo-32; 1 = modulo-1 (no prescaling) 
working register bank select (RBS); 

O = register bank 0; 1 = register bank 1 

not used (1) 


@ Bit 4 


@® Bit5 
@ Bit6 
decimal adjust instruction DA A 
@ Bit 7 
overflow of the accumulator. 


saved in saved in 
the stack the stack 


ta TT ante 


OT 

Jey} ac} 1 nes] s [sr] sri] Po 
7 6 & 4 3 2 74 0 
MSB LSB 


stack pointer 


7289149 


auxiliary carry (AC); half-carry bit generated by an ADD instruction and used by the 


carry (CY); the carry flag indicates that previous operation has resulted in an 


Fig. 18 Program status word. 


* With prescaler select, PS = 0, the timer counts modulo-32 machine cycles, with PS = 1 it counts 
modulo-1 cycles (prescaler not used); prescaler cleared with STRT T, prescaler not readable. 


** READ does not disturb the counting process. 
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FUNCTIONAL DESCRIPTION (continued) 
Program status word (continued) 


All bits can be read using the MOV A, PSW instruction. Bits 7 and 6 are set and cleared by CPU 
operation. Bit 4 can be changed by a SEL RB instruction, bit 3 by the MOV PSW, A instruction, and 

bits 0, 1 and 2 by the CALL, RET or RETR instructions and in the event of an interrupt. Bits 7,6 and 

4 are stored in the program counter stack during subroutine and interrupt calls. These bits are restored 

in the PSW with a RETR (return and restore) instruction which must be used at the end of an interrupt and 
can be used at the end of a normal subroutine. The RET instruction has no restore feature and cannot 
be used at the end of an interrupt. 


Program counter (see Fig. 19) 


A 13-bit program counter is used to facilitate 8 K bytes of ROM being addressed. The arrangement of 
the bits is shown in figure 19. During an interrupt subroutine PC 4 and PC 9 are forced to logic 0. 
All 13 bits are saved in the stack during CALL and interrupt routines. 


rr Por] fre |res]rs os] o 


Conventional Program Counter 


e counts OOOH to 7FFH 
e overflows 7FFH to OOOH 


JMP or CALL instructions transfer the 
contents of internal flipfloop MBFFO to PC71 
and MBFF 1 to PC12 


e (MBFFO) < QO by SEL MBO or RESET 
(MBFF1) < 0 


e (MBFFOQ) < 1 by SEL MB1 
(MBFF1) < 0 


e (MBFFO) < 0 by SEL MB2 
(MBFF1) < 1 


e (MBFFO) < 1 by SEL MB3 
7289150 (MBFF1) < 1 


Fig. 19 Program counter. 


Central processing unit 


The PCD3343 has arithmetic, logical and branching capabilities. The DA A, SWAP A and XCHD 
instructions simplify BCD arithmetic and the handling of nibbles. The MOVP A,@A instruction 
permits efficient table look-up from the current ROM page. 


Conditional branch logic 


The conditional branch logic within the processor enables several conditions, internal and external to 
the processor, to be tested by the user’s program. Table 5 lists the conditional jump instructions used 
to change the program sequence. The DJNZ instruction decrements a designated register or data 
memory location and branches if the contents are not zero. This instruction is useful for looping 
control. The JMPP@A instruction allows multiway branches to destinations determined by the contents 
of the accumulator. 
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Table 5 Conditional branches 


accumulator all bits zero JZ 
any bit non-zero JNZ 
JBO to JB7 
JC 
JNC 
JTF 
JNTF 
JNTO 
JTO* 
JT1 
JNT1 
register non-zero DJNZ 


accumulator bit test 
carry flag 


timer overflow flag 


test input TO 


test input T1 


Oj- 0002 — 


Test input T1 (pin 13) 
The T1 input line can be used as: 


e A test input for branch instructions JT1 and JNT1 
@ An external input to the event counter 


When used as a test input: 


@ JT1 instruction tests for logic 1 level 
@ JNT1 instruction tests for logic O level 


When used as an input to the event counter, T1 must be LOW for > 4 CP, followed by a HIGH for 
> 4 CP. The transition can be recognized with a repetition rate of once per 30 oscillator clock periods 
(1 machine cycle). 


DEVELOPMENT DATA 


There is no internal pull-up or pull-down resistor connected to the T1 input. If required it must be 
externally connected to a resistor (R = < 100 k{&2). When T1 is not used pin 13 must be connected to 


Vpp or Vss. 


Reset (pin 17) 
A positive-going signal on the RESET input/output: 


@ Sets the program counter to zero 

Selects location O of memory band O and register bank O 

Sets the stack pointer to zero (000); pointing to RAM address 8 
Disables the interrupts (external, timer and serial !/O) 

Stops the timer/event counter, then sets it to zero 

Sets the timer prescaler to modulo-32 

Resets the timer flag 

Sets all ports according to reset states 

Sets the serial |/O to slave receiver mode and disables the serial |/O 
® Cancels IDLE and STOP mode 


After the voltage is applied to RESET an internal delay of 1866 CP is introduced before the micro- 
controller commences operation. 


* Because of the inverted interrupt input CE/TO the conditional jump JTO is also inverted. 
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FUNCTIONAL DESCRIPTION (continued) 
Power-on-reset and low-voltage detection (see Fig. 20) 


In telephony applications, correct operation of the PCD3343 during moments of slowly changing 
supply voltages and low-voltage conditions is essential. This is achieved by the addition of an internal 
power-on-reset and low-voltage detection circuit. 

To allow an external RESET signal being fed into the PCD3343, the reset pin (pin 17) has been 
configured as an input/output. 


While a reset condition exists in the detection circuit, pin 17 is pulled HIGH by TR1 controlled by the 
reset circuit. 

When the reset condition is not present a pull-down current source (TR2) will be activated. TR2 forces 
pin 17 LOW thus removing the RESET signal from the microcontroller. 


Since the level at pin 17 is recognized by the microcontroller, the reset time constant can be stretched 
by connecting an external capacitor between Vpp and pin 17 (see Fig. 22). 


The signal at pin 17 can also be used as an output to reset other devices in the system. 


The internal reset circuit monitors the PCD3343 supply voltage. If the voltage drops below the 
switching level (typ. 1,3 V), a reset (HIGH) is applied to pin 17. This reset is removed (pin 17 goes 
LOW), after a fixed delay (tg), when the supply voltage rises above the switching level again. The delay 
ensures a complete reset even when the supply voltage quickly rises above switching level after initial 
switch-on. 


During a low-voltage condition the oscillator is inhibited to prevent complete discharge of a weak 
battery. The timing of the power-on-reset and low-voltage detection circuit is shown in figure 21. 


28 


Vop 
oscillator 
inhibit 
TR1 
7 POWER “LI p 
ref —> ON 
RESET Ju 17 
RESET 
TR2 
= current ‘ 
source 
(0 A 
PCD 3343 TR3 internal 
ai reset 
14 
i Vs 
7287796 


Fig. 20 Power-on-reset configuration. 
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7287797 
Where: (1) Oscillator inhibited 

(2) Oscillator starting 

(3) Oscillator running, but may be stopped with a STOP condition 
< Fig. 21 Timing of power-on-reset and low-voltage detection. 
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Fig. 22 Stretched power-on-reset with external capacitor. 
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INSTRUCTION SET 


— The PCD3343 instruction set consists of over 80 one and two byte instructions and is based on the 
MAB8048 instruction set. New instructions include those for serial 1/O operation and memory bank 
selection. Program code efficiency is high because all RAM locations and all ROM locations on a 
256 byte page require only a single byte address. 


Table 8 gives the instruction set of the PCD3343. Table 7 shows the instruction map and Table 6 
details the symbols and definition descriptions that are used. 


Table 6 Symbols and definitions used in Table 8 


definition description 


A accumulator 

addr program memory address 

Bb bit designation (b = 0-7) 

RBS register bank select 

C carry bit (bit CY) 

CNT event counter 

D mnemonic for 4-bit digit (nibble) 
data 8-bit number or expression 
interrupt 

MB memory bank 


MBFF memory bank flip-flop 
mnemonic for ‘in-page’ operation 
program counter 

port designation (p = O, 1 or 2) 
PSW program status word 

register bank 

register designation (r = 0-7) 
serial 1/O register 

stack pointer 

timer 

timer flag 

TO, T1 test O and 1 inputs 

immediate data prefix 

indirect address prefix 

contents of X 

((X)) contents of location addressed by X 
is replaced by 

is exchanged with 
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Table 7 PCD3343 instruction map 2 
g 
j first hexadecimal character of opcode 5 
second hexadecimal character of opcode : oO 
=] 
j | 0 I 1 j 2 i 3 1 4 I 5 { & I 7 | 8 | 9 ! A | B | Cc I D | E ! F | 2 
io: NOP { IDLE | 1 ADD Jt JMP ! EN I | =\JNTF 1 DEC Aft IN AsPp | 1 MOV AsShr | ! o 
| 1 | | lA: #datal page 0! 1 addr | I | 1 1 2 | l 0 l 1 | | 1 = 
| ----------------------------- +--+ --- +--+ += ee nn nn nn ne nn nnn nnn enn nnn nn nee nn nn nnn nn nn nnn nnn nnn nnn nnn n nn nena ® 
14 7 INC aRr ! JBO + <ADDC 1 CALL 1! DIS I ! JTF ft INC Al INC Rr | a 
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INSTRUCTION SET (continued) 
Table 8 Instruction set 


opcode bytes/ description function notes 
(hex.) ae 


ADD A, Rr Add register contents to A (A)<(A) + (Rr) | r=0-7 


ADD A, @Rr Add RAM data, addressed by Rr, to A (A)<(A) + ((RO)) 
(A)<(A) + ((R1)) 


(A)<(A) + data 
(A)<-(A) + (Rr) + (C) r=0-7 


(A)<(A) + ((RO)) + (C) 
(A)<(A) + ((R1)) + (C) 


(A)<-(A) + data + (C) 
(A)<(A) AND (Rr) r= 0-7 


(A)<-(A) AND ((RO)) 
(A)<(A) AND ((R1)) 


(A)<(A) AND data 
(A)<-(A) OR (Rr) r= 0-7 


(A)<(A) OR ((RO)) 
(A)<(A) OR ((R1)) 


(A)<-(A) OR data 
(A)<(A) XOR (Rr) r=Q-—7 


(A)<(A) XOR ((RO)) 
(A)<(A) XOR ((R1)) 


(A)<(A) XOR data 
(A)<(A) + 1 
(A)<(A) —1 
(A)<-0 
(A)<NOT(A) 


(An + 1)<(An) n=0—-6 
(Ag)<(A7) 
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ADD A, #data 
ADDC A, Rr 
ADDC A, @Rr 


Add immediate data to A 
Add carry and register contents to A 


Add carry and RAM data, addressed 
by Rr, toA 


Add carry and immediate data to A 
‘AND’ Rr with A 
‘AND’ RAM data, addressed by Rr, with A 


ADDC A, #data 
ANL A, Rr 
ANL A, @Rr 


ANL A, #data 
ORLA, Rr 
ORL A, @Rr 


‘AND’ immediate data with A 
‘OR’ RrwithA 
‘OR’ RAM data, addressed by Rr, with A 


ACCUMULATOR 


ORL A, #data 
XRL A, Rr 
XRL A, @Rr 


‘OR’ immediate data with A 
‘XOR’ Rr with A 
‘XOR’ RAM, addressed by Rr, with A 


‘XOR’ immediate data with A 
increment A by 1 


XRL A, #data 
INCA 
DECA 
CLRA 
CPLA 
RLA 


decrement A by 1 


clear A to zero 


one’s complement A 
rotate A left 
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Cc 
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Cc 
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ACCUMULATOR (cont.) 
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uw 
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MOV A, Rr 
MOV A, @Rr 


MOV A, #data 
MOV Rr, A 
MOV @Rr, A 


MOV Rr, #data 
MOV @Rr, #data 


XCH A, Rr 
XCH A, @Rr 


XCHD A, @Rr 


MOV A, PSW 
MOV PSW, A 
MOVP A, @A 


DEVELOPMENT DATA 


rotate A left through carry 
rotate A right 
rotate A right through carry 


decimal adjust A 
swap nibbles of A 


move register contents to A 
move RAM data, addressed by Rr, to A 


move immediate data to A 
move accumulator contents to register 


move accumulator contents to RAM 
location addressed by Rr 


move immediate data to Rr 


move immediate data to RAM location 
addressed by Rr 


exchange accumulator contents with Rr 


exchange accumulator contents with 
RAM data addressed by Rr 


exchange lower nibbles of A and RAM 
data addressed by Rr 


move PSW contents to accumulator 
move accumulator bit 3 to PSW3 
move indirectly addressed data in 
current page to A 


clear carry bit 


| complement carry bit 


(An + 1)<An 
(Ag)<(C), (C)<(A7) 
(An) (An + 1) 
(A7)<(Ao) 


(An)<(An + 1) 
(A7)<(C), (C)<—(Ag) 


(Ag_7)<(Ag_3) 
(A)<(Rr) 


(A)<((RO)) 
(A)<((R1)) 


(A)<data 
(Rr)<(A) 


((RO))<-(A) 
((R1))<(A) 


(Rr)<data 


((RO))<data 
((R1))<-data 


(A)<>(Rr) 


(A)<((RO)) 
(A)<((R1)) 


(Ap_3)<((ROg_3)) 
(Ag_3)<((R19_3)) 
(A)<(PSW) 

(PSW3)<(A3) 
(PCo_7)<(A), (A)<—((PC)) 


(C)<O 
(C)<—NOT(C) 
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mnemonic opcode bytes/ | description function notes 
(hex.) cycles . 


INC Rr 1* 1/1 increment register by 1 (Rr)<(Rr) + 1 r= 0-7 
INC @Rr 10 1/1 increment RAM data, addressed by Rr, by 1 | ((RO))<((RO)) + 1 
11 | ((R1))<((R1)) +1 
DEC Rr G* 1/1 decrement register by 1 (Rr)<(Rr) —1 r=0-7 
1/1 
2/2 


REGISTER 


DEC @Rr decrement RAM data, addressed by Rr, by 1| ((RO))<-((RO)) — 1 
((R1))<((R1)) —1 


JMP addr @ 4 address unconditional jump within a 2 K bank (PCg_.49)<-addrg__49 


(PCo_7)<addr9_7 
(PC44—12)<MBFF 0—1 

(PCo_7)<((A)) | 
(Rr)<(Rr) — 1 r=0-7 
if (Rr) not zero (PCo_7)<addr 


((RO))<((RO)) —1 
if ((RO)) not zero (PCg_7)<addr 


((R1))<—((R1)) —1 
if ((R1)) not zero (PCo_7)<addr 


ifb=1 : (PCo_7)<addr b = 0-7 
ifC=1 :(PCo_7)<addr 
if C=O : (PCo_7)<addr 
if A=0 : (PCo_7)<addr 
if A#O : (PCo_7)<addr 
if TO = 0: (PCg_7)<addr 
if TO = 1: (PCo_7)<-addr 
if T1 = 1: (PCo_7)<addr 
if T1 = 0: (PCo_7)<addr 
if TF = 1: (PCo_7)<addr 
if TF =O: (PCgo_7)<addr 


B3 
E* address 


JMPP @A 
DJNZ Rr, addr 


1/2 
2/2 


indirect jump within a page 


decrement Rr by 1 and jump if not 
zero to addr 


decrement RAM data, addressed by Rr 
by 1 and jump if not zero to addr 


DJNZ @Rr, addr | EO 


E1 


4 2 address 
F6 address 
E6 address 
C6 address 
96 address 
36 address 
26 address 
56 address 
46 address 
16 address 
O6 address 


JBb addr 
JC addr 
JNC addr 
JZ addr 
JNZ addr 
JTO addr 
JNTO addr 
JT1 addr 
JNT1 addr 
JTF addr 
JNTF addr 


jump to addr if Acc. bit b = 1 


jump to addr if C = 1 

jump to addr if C=0 

jump to addr if A=0 

jump to addr if A is NOT zero 
jump to addr if TO=0 

jump to addr if TO= 1 

jump to addr if T1 = 1 

jump to addr if T1 =O 

jump to addr if Timer Flag = 1 


jump to addr if Timer Flag = 0 
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DEVELOPMENT DATA 


MOV A, T move timer/event counter contents to (A)<(T) 
accumulator 


MOV T,A move accumulator contents to (T)<(A) 
timer/event counter 


STRT CNT start event counter 

STRT T start timer 

STOP TCNT stop timer/event counter 

EN TCNTI enable timer/event counter interrupt 


TIMER/EVENT COUNTER 


DIS TCNTI disable timer/event counter interrupt 


EN | enable external interrupt 

DIS | disable external interrupt 

SEL RBO select register bank 0 (RBS)<0O 

SEL RB1 select register bank 1 (RBS)<1 

SEL MBO select program memory bank 0 (MBFFO)<0, (MBFF1)<0O 
SEL MB1 select program memory bank 1 (MBFFO)<1, (MBFF1)<0 
SEL MB2 select program memory bank 2 (MBFFO)<0, (MBFF1)<-1 
SEL MB3 | select program memory bank 3 (MBFFO)<1, (MBFF1)<-1 
STOP enter STOP mode 

IDLE enter IDLE mode 


2) 
= 
Oo 
” 
3 
© 
— 
° 
© 
fe) 
= 
o> 
= 
S 
o 
im 9 
=r 
2) 
Lom 1 
Cama 
© 
@ 
xo) 
> 
Oo 
om 
@ 
an 
1] 
at 
wn 


—/ 
O 
om 
- 
Zz 
O 
O 


CALL addr 4 4 address jump to subroutine ((SP))<(PC), (PSWq4 6 7) 
(SP)<-(SP) + 1 
(PCg_149)+addrg_19 
(PCo_7)<addr9o_7 
(PC44_12)<MBFF 0-1 
return from subroutine (SP)<(SP) —1 
(PC)<-((SP)) 


return from interrupt and restore | (SP)<(SP) —1 
bits 4, 6, 7 of PSW (PSW4 6, 7) + (PC)<((SP)) 
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opcode bytes/ | description function notes 
(hex.) cycles 


IN A, Pp 1/2 input port p data to accumulator (A)<(PO) 
(A)<(P1) 
(A)<(P2) 


(PO)<(A) 
(P1)<(A) 
(P2)<-(A) 
(PO)<-(PO) AND data 
(P1)<-(P1) AND data 
(P2)<(P2) AND data 
(PO)<-(PO) OR data 

(P1)<-(P1) OR data 

(P2)<-(P2) OR data 


(A)<(SO) 
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OUTL Pp, A output accumulator data to port p 


ANL Pp, #data AND port p data with immediate data 


ORL Pp, #data OR port p data with immediate data 


PARALLEL INPUT/OUTPUT 


MOV A, Sy move serial |/O register contents to 


5 accumulator (A)<(S1) 
a. 

5 | MOV S,,A move accumulator contents to serial (SO)<(A) 
fe) | 1/O register (S1)<(A) 
= | (S2)<(A) 
S | MOV Sp, #data move immediate data to serial (SO)<data 
= 1/O register (S1)<data 
< (S2)<data 
ig | EN SI enable serial |/O interrupt 

7) 


DIS SI disable serial |/O interrupt 


ee 


Notes to Table 8 

1. PSW CY, AC affected 5. PSW RBS affected 

2. PSW CY affected 6. PSW SPo, SP 41, SP2 affected 

3. PSW PS affected 7. (A) = 1111 P23, P22, P21, P20. 

4. Execution of JTF and JNTF instructions resets the Timer Flag (TF). 8. (S1) has a different meaning for read and write operation, see 

*-8QAB C, D, E, F serial 1/O interface. 

| es 2. 4, 63. ACE 9. (S2) is a write only register. Reading S2 will give value FFH. 
 #:1,3,5, 7,9, B, D, F 


CMOS microcontroller for telephone sets PCD3343 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage (pin 28) VppD —0,8to+8 V 
All input voltages Vy 0,8 to Vpp+ 0,8 V 
D.C. current into any input or output +1),+lQ max. 10 mA 
Total power dissipation (see note) Prot max. 500 mW 
Power dissipation per output 
except P23, SCLK Po max. 50 mW 
P23, SCLK Po max. 180 mW 
Storage temperature range Tstg —65 to+ 150 °C 
Operating ambient temperature range Tamb —25to +70 °C 
Operating junction temperature Tj max. 125 °C 
Note 
Thermal resistance (junction to ambient) 
for SOT-117 Rth j-a max. 120 K/W 
for SOT-135A Rth j-a max. 60 K/W 
for SOT-136A Rth j-a max. 150 K/W 


DEVELOPMENT DATA 
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D.C. CHARACTERISTICS 


Vpp = 2,75 to 6 V; Vss =0 V; Tamb = —25 to + 70 °C; all voltages with respect to Vso; f = 3,58 MHz 
with Rs = 50 &2; unless otherwise specified. 


Supply voltage 
operating (see Fig. 23) 


STOP mode for RAM retention 


Supply current 
operating 
at Vpp = 3 V (see Fig. 24) 


IDLE mode 
at Vpp = 3 V (see Fig. 25) 


STOP mode (see Fig. 26 and note 1) 
at Vpp = 1,8 V; Tamb = 25 OC 


at Vpp = 1,8 V; Tamb = 55 OC 
at Vpp = 1,8 V; Tamb = 70 °C 


2,5 


10 


RESET 1/O 
Switching level 
Sink current 
at Vpp > VRESET 


Inputs 
Input voltage LOW 
Input voltage HIGH 


Input leakage current | 
at Voss < Vi <Vpp 


0,3Vpp 


Outputs 


Output voltage LOW 
at Vj} = Vss or Vpp;: Ilo|<1uA 


Output sink current LOW 
at Vpp =3V; Vo =0,4V 
except P23/SDA, SCLK (see Fig. 27) 
P23/SDA, SCLK (see Fig. 28) 

Pull-up output source current HIGH (see Fig. 29) 
at Vpp = 3 V: Vg =0,9Vpp 
at Vpp = 3 V; Vo=Vss 

Push-pull output source current HIGH 
at Vpp = 3 V; Vo = Vpp—0,4 V 


Note 1 


Crystal connected between XTAL 1 and XTAL 2; SCL and SDA pulled to Vpp via 5,6 k&2 resistor; 
CE and T1 at Vgc. 
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7287800 


(mA) 


0,1 


0,01 


(1) Tamb = —25 OC (1) clock frequency = 4 MHz 
(2) Tamb = 25 OC | (2) clock frequency = 2 MHz 
(3) Tamb = 70 OC (3) clock frequency = 500 kHz 
: Fig. 23 Maximum clock frequency (fxTA_) Fig. 24 Typical supply current (Ipp) 
Oo as a function of the supply voltage (Vpp). in operating mode as a function of the 
= supply voltage (Vpp); Tamb = 25 °C. 
= 
oO. 
] 
TT : 7287801 7287802 
> - ee : 
ra loo Ft | 
i ec ey eel fae eee oe 
CCE ee EL 
ee eee 
ee 
Pima ae eae (a 
27 An aaaee 


(1) clock frequency = 4 MHz 


(2) clock frequency = 2 MHz (1) Tamb = 70 °C 

(3) clock frequency = 500 kHz (2) Tamb = 25 OC 

Fig. 25 Typical supply current (Ipp) Fig. 26 Typical supply current (Ipp) 
in IDLE mode as a function of the in STOP mode as a function of the 
supply voltage (Vpp); Tamb = 25 OC. supply voltage (Vpp). 
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(1) Tamb = —25 OC (1) Tamb = —25 PC 

(2) Tamb = 25 °C 3 (2) Tamb = +25 OC 

(3) Tamb = 70 °C (3) Tamb = + 70 °C 

Fig. 27 Output sink current LOW (Io, ), Fig. 28 Output current LOW (Io,), 
except outputs P23/SDA and SCLK, as a outputs P23/SDA and SCLK, as a function 
function of supply voltage (Vpp); Vo = 0,4 V. of supply voltage (Vpp); Vo = 0,4 V. 
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(1) Tamb = 25 °C; Vo = Vsg 
(2) Tamb = 25 °C; Vg = 0,9VOp 
(3) Tamb = 70 °C; Vo = Vss 
(4) Tamb = 70 °C; Vo = 0,9Vnp 


Fig. 29 Output source current HIGH (—Igy) 
as a function of supply voltage (Vpp). 
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A.C. CHARACTERISTICS 
Rise and fall times between 10 and 90% levels; Cj = 50 pF 


at 70 °C max. value 


Fall time tf 
tr 


Rise time 


—>I tsu;STO +— 


~»'tHD: STAM >! e— 
tRD tFD 7Z87806 


Fig. 30 PCD3343 timing requirements for the P23 and SCLK /nput signals. 


Table 9 Input timing shown in figure 30 


DEVELOPMENT DATA 


KKK WANVVV WV VW 
—_a _ «ad (ee) 
aoa 


Notes to Table 9 


tx TAL = one period of the XTAL input frequency (fy TAL) 
= 280 ns for fy TAL = 3,58 MHz. 
These figures apply to all modes. 
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A.C. CHARACTERISTICS (continued) 


<« tLow — 


0,9 Vop 


SCLK 
Vo Lmax 


09V 
P23 DD 


VoLmax 


376 


—>! THD:STA =< 


—_ 
tHD;DAT 


=> << 
tsu;DAT 


Fig. 31 PCD3343 timing requirements for the P23 and SCLK output signals. 


Table 10 Output timing shown in figure 31 


tHD:STA 
tHIGH 

tLow 

tsu; STO 

tHD; DAT 

(slave transmitter 
any DF 


THD: DAT 
(master transmitter) 


for DF <51 

for DF <99 

tsu; DAT 

(master transmitter) 
for DF > 51 

for DF > 99 


for DF < 51 
for DF <99 


TAC 


tep. tec 


Notes to Table 10 


txTAL = one period of the XTAL input frequency (fyT at) 


% (DF + 9) tx TAL 
(DF) = tx TAL 
(DF) — txTAL 
%2 (DF —3) tx TAL 


2 MXTAL 
S 12txTAL 


2 OtXTAL 
S 12tXTAL 


7 TStXTAL 
S 24x TAL 


> SXTAL 
> OyXTAL 


S12tyx TAL 
< 100 ns 


at Ch = 400 pF 


= 280 ns for fy tay = 3,58 MHz. 
DF = divisor (see Table 2 Serial 1/O section). 
Ch = the maximum bus capacitance for each line. 


August 1984 


timing 


normal mode 
(ASC in S2 = 0) 


low-speed mode 
(ASC in S2 = 1) 


% (DF +9) txTAL 
% (DF) tXTAL 
(DF) = txTAL 
% (DF —3) tx TAL 


2 StXTAL 
S 12tXTAL 


= OtXTAL 
S 12tXTAL 


2 1StxTAL 
< 24tx TAL 
> OtXTAL 
> OXTAL 


S 12tXTAL 
< 100 ns 


at Ch = 400 pF 
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APPLICATION INFORMATION 


A block diagram of an electronic featurephone built around the PCD3343 is shown in figure 32. It 
comprises the following dedicated telephony IC’s: 


@ TEA1060/1061 transmission circuit for telephony 
@ PCD3312 DTMF generator with Serial I/O 
@ PCE2111 or PCF8577 2 LCD drivers in LCD module MB7020160 | 
@ PCD8571 1K RAM'’s with Serial |/O; the number of RAM’s depends on the 
required amount of stored telephone numbers 
@® PCD3360/3361 programmable multi-tone ringer 
TRANSMISSION DIALLING 
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DEVELOPMENT DATA 


2* Lep eas é. 
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Fig. 32 Block diagram of electronic featurephone with common line interface. 
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7287809 


A.detailed application diagram of the PCD3343 with PCD3312 (DTMF), two PCD8571 (RAM) and 
two PCE2111 (LCD display drivers) is shown in figure 33. 


Row 5 of the keyboard contains the following special keys: 


@e P program and autodial 
@ FL flash or register recall 
@R redial or extended redial 


@ AP access pause 
Row 6 contains the different diode options. 
Columns 5 and 6 contain the button keys MO to MQ; single name keys for repertory telephone numbers. 
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APPLICATION INFORMATION (continued) 


DTMF 


supply from | 
TEA1060/1 


ground 


mute lines 


line interrupter 
or fiash output 


Vop 
up to 8 x PCD8571 


battery 
supply 3,58 MHz 


AO 
PCD8571 Al 


PCD3311 


PCD3312 


XTAL1 XTAL2 


SCLK 


COLUMNS 


Boog Oc 
Pee ff | for ~ Tan 
Eesoic 


ps E ; FL. iL L eee 


PULSE /DTMF NORMAL/DIRECT EXTENSION KEYBOARD 


Fig. 33 Application diagram of PCD3343 for electronic featurephone with associated keyboard. 


Additional information is available on request for the following: 
Serial I/O 

@ 1°C bus specification 

@ Interrupt logic 

® Instruction set descriptions 

@ Software routines for an intelligent telephone set 


U 
©) 
O 
is) 
(ee) 


DEVELOPMENT DATA? 


ae? 
This data sheet contains advance information and 
specifications are subject to change without notice. 


PCD3360 


PROGRAMMABLE MULTI-TONE TELEPHONE RINGER 


GENERAL DESCRIPTION 


The PCD3360 is a CMOS integrated circuit, designed to replace the electro-mechanical bell in telephone 
sets. It meets most postal requirements, particularly with tone sequence possibilities and input 
frequency selectivity. Output signals for a loudspeaker or for a piezo-electric (PXE) transducer are 
provided. No audio transformer is required since the loudspeaker is driven in class D. 


Features 


Output signals for electro-dynamic transducer (loudspeaker) or for piezo-electric transducer (PXE) 
7 basic frequencies (tones) and a pause 

4 selectable tone sequences 

4 selectable repetition rates 

3 selectable impedance settings 

3-step automatic swell 

Delta-modulated output signal that approximates a sinewave 

Input frequency discriminator with selectable upper and lower frequency limits 

Output for optical signal 


Note 


Tone sequences (up to 16 tones long), impedance settings and automatic swell levels are mask 
programmable for customized ‘versions. 


QUICK REFERENCE DATA 


Available frequencies (tones) 533/600/667/800/ 

1000/1067 and 1333 Hz 
Number of intervals per tone sequence 15 or 16 
Lower limits of frequency discriminator 13,33 or 20 Hz 
Upper limits of frequency discriminator . 30 or 60 Hz 
Impedance settings (with 50 {2 loudspeaker) approx. 7or10,50r 17,5 kQ 
Switch-on delay at 25 Hz max. | 60 ms 
PACKAGE OUTLINES 


PCD3360P: 16-lead DIL; plastic (SOT-38). 
PCD3360T: 16-lead mini-pack; plastic (SO-16L; SOT-162A). 
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fc = 32 kHz 


_| OSCILLATOR (tone patterni Raeer 7 
| (64 kHz) —QUTPUT | 6. 


CIRCUIT. 


osc , , — 
| TONE GENERATION re 


TONE SEQUENCE GENERATION | ss oaks: OPT 
PCD3360 oS Sage 


ENABLE 


CIRCUIT ae 


72Z87622.1 
Vop Vss | Ist 1S2__- RR1 RR2 TS1 TS2 DM FDI FL FH 


Fig. 1 Block diagram. 


PINNING 
1 FDE frequency discriminator enable 
2. RR2 _ | 
3 RRI | repetition rate selection 
4 osc oscillator 
5 Vpp - positive supply 
Beas aoor 6 TONE tone output 
7 OPT optical signal output 
8 DM drive mode selection 
9 IS2 |. | 
10 181 { umipenence setting and automatic swell 
7287621.1 11. Vgs negative supply 
| 12° TS2 _ 
Fig. 2 Pinning diagram for PCD3360P ~=«13-—s«sTSa~—SCs*:« SONS SeCtUENce selection 
and PCD3360T. — | 14 ~+FDI frequency discriminator input 
15 FL lower frequency limit selection 
16 FH. | = icy limit selection | 
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Programmable multi-tone telephone ringer | PCD3360 


FUNCTIONAL DESCRIPTION (see Fig. 1) 


Supply pins (Vpp and Vss) | 

If the supply voltage (Vpp) drops below the standby voltage (Vsp), the oscillator and most other 
functions are switched off and the supply current is reduced to the standby current (Isp). The 
automatic swell register retains its information until Vpp drops further to a value Vas at which reset 
occurs, 


Oscillator (OSC) 


The 64 kHz oscillator is operated via an external resistor and capacitor connected to pin OSC. The 
oscillator signal is divided by two to provide the 32 kHz internal system clock. 


Selection pins (FDE, RR2, RR1, DM, IS2, IS1, TS2, TS1, FL and FH) 


These pins are pulled down internally by a pull-down current |},4 when they are connected to Vpp, 
and by a pull-down resistance Rj; when they are connected to Vss (see Fig. 3). Thus when the pins _ 
are open-circuit they are defined LOW. Therefore only a single-contact switch is required to connect 
the pins to Vpp; yet the supply current is only marginally increased as !)}; is very small. 


selection A 1 
pins 1S2 


PCD3360 


7Z87947 


(1) Transistor resistance = Rj, when switched on. 
Fig. 3 Input circuit oF selection pins. 


Frequency discriminator circuit (pins FDE DE and FDI) 


The frequency discriminator circuit prevents the ringer being activated by dial pulses, speech or other 
unqualified signals. 


The circuit is enabled or disabled by input FDE. 


When FDE is HIGH, FDI acts as a logic enable input. 

The circuit will produce tone sequences provided FDI is HIGH and Vpp exceeds Vsp. 

When FDE is LOW, FDI acts as the frequency discriminator input. 7 | 

The circuit will produce tone sequences provided Vpp exceeds Vsp and the signal at FDI fulfils the 
conditions set by FL and FH. 


When the frequency discriminator is enabled (Vpp > Vsp and FDE = LOW) the circuit will start to 
produce tone sequences after two rising or two falling edges have occurred at FDI. The time between 
these edges must be within the limits set by FL and FH. 
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FUNCTIONAL DESCRIPTION (continued) 


The circuit will continue to produce tone sequences provided the time between subsequent falling edges 
or between subsequent rising edges remains within the limits set by FL and FH, otherwise it will stop. 
Because two edges are required for detection, either positive or negative, the switch-on delay will vary © 
between 1 and 1,5 cycles of the incoming ringing frequency. : 


FDI has a Schmitt-trigger action; the levels are set by an external resistor R2 (see Fig. 8) and an internal 
sink current that is switched from 20 uA (typ.) for FDI = LOW to < 0,1 wA for FDI = HIGH. Excess 
current entering FDI via R2 is absorbed by internal diodes clamped to Vpp and Vss. oe a 


Selection of frequency discriminator limits (FL and FH) 


With the frequency discriminator enabled (Vpp > Vsp and FDE = LOW) the lower and upper limits 
of the input frequency are set by inputs FL and FH as shown by Table 1 and Table 2 respectively. 


Table 1 Selection of Jower frequency Table 2 Selection of upper frequency 
discriminator limits (fogg = 64 kHz) discriminator limits (fog¢ = 64 kHz) 


FL lower | 
discriminator 
limit (Hz) 


upper 
discriminator 
limit (Hz) 


Selection of tone sequences (TS1 and TS2) 


A tone sequence is composed of 15 or 16 equal time intervals. Each time interval may be filled with 
one of seven available tones or with a pause; these are shown together with their corresponding internal 
ROM tone code in Fig. 4. 


tone key _ c d ee g b c e 
frequency (Hz) 0 533 600 667 800 1000 1067 1333 
frequency ratio | 8 : 9 :10 : 12 : 15 : 16: 20 

tone code 0 1 2 3 4 5 6 7 

7287948 


Fig. 4 Available tones and their corresponding internal ROM tone code. 
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Programmable multi-tone telephone ringer : PCD3360 


Four tone sequences are programmed in the internal ROM (see Fig. 5). Inputs TS1 and TS2 determine 
which tone sequence is selected and output at pin TONE. The sequences are mask programmable with 
any length up to 16 time intervals. 


The tone sequences are repeated continuously provided the enable conditions at inputs FDE and FDI 
are valid and Vpp > Vsp; the first sequence always starts with the first tone shown in Fig. 5. 


pin state tone sequence output at pin TONE 


TS2 TS! 


See 


tone code 3334442 22777 «66 6 


tone code 1 


tone code 4545 45 45 45 45 45 4 5 


io SS 
tone code 444044404444 4é4 0 0 
7287949 


Fig. 5 Tone sequences mask-programmed in the PCD3360. 


Selection of repetition rates (RR1 and RR2) 


The duration of a time interval within a tone sequence is determined by the state of inputs RR1 and 
RR2 as shown in Table 3. The resultant variation of repetition rate acts as a distinguishing feature 
between adjacent telephones. 


Table 3 Duration of time intervals (foce = 64 kHz) 


L 
H 
L 
H 


The repetition rate variation can be extended by mask programming (for customer defined versions) 
the same tone combination for all 4 tone sequences, but with a different number of time intervals per 
tone. Thus the repetition rate can be selected from 16 values by inputs RR1, RR2, TS1 and TS2. 


time interval 
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FUNCTIONAL DESCRIPTION (continued) 

Drive mode selection (DM) ; | | 

The output signal at pin TONE can be selected for application with electro-dynamic or piezo-electric 
transducers. An example of both signals, for a tone frequency of 667 Hz, is shown in Fig. 6. 


Loudspeaker mode 


In the loudspeaker mode (DM = LOW), pin TONE outputs a delta-modulated signal that approximates 
a sinewave sampled at a rate of 32 kHz. The output pulse duration is determined by pins IS1 and IS2. 
The resultant acoustic spectrum is aurally more acceptable and has greater penetration than a square 
wave spectrum because more power is concentrated at the fundamental frequency. 


PXE mode 


In the PXE mode (DM = HIGH), pin TONE outputs a square wave. In this mode the ringer impedance 
and sound pressure level are determined by the characteristics (e.g. the size) of the PXE transducer; 
inputs 1S1 and 1S2 are inactive. 


Setting of impedance, sound pressure level and automatic swell (IS1 and !S2) 


With DM = LOW (loudspeaker mode), inputs 1S1 and 1S2 determine the pulse duration of the output 
signal and thereby the d.c. resistance Rxy (seen at points x and y in Fig. 8), the input impedance Z| and 
and also the Sound Pressure Level (SPL). The selection of 3 impedance settings and automatic swell is 
shown in Table 4. 


Table 4 Setting of pulse duration and automatic swell (DM = LOW) 


input state ringing 
function burst 


number 
(N) 


L L automatic 
swell 

L H 

H L constant 

H H level 


Where: 


1. Typical pulse duration values of the fundamental and harmonic frequencies are for foc = 64 kHz 
and fcK = 32 kHz. 


2. SPL is the relative Sound Pressure Level, and 0 dBr is defined as the SPL for IS1 = IS2 = HIGH. 


3. Values of the d.c. resistance Rxy, bell impedance (Z)) and SPL are valid for a value of input 
voitage Vj = 40 Vrms at 25 Hz in Fig. 8. 
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Programmable multi-tone telephone ringer | PCD3360 


Setting of impedance, sound pressure level and automatic swell 


When pins IS1 and IS2 are both LOW, the circuit operates in the automatic swell mode. The SPL then 
increases in three steps so that the maximum level is reached for the third ringing burst. 

Each time Vpp drops below Vas the automatic swell register is reset and the next ringing burst is 
considered as N = 1 (see Table 4). 

A buffer capacitor C3 (see Fig. 8) must hold Vpp > Vas during the time between two consecutive 
ringing bursts of a series. 


For each of the other three combinations of pins |S1 and IS2 the pulse duration has a constant value. 
Thus the ringer can be designed so that the impedance represented at the telephone line will comply 
with postal requirements that vary in relation to parallel or series connections of more than one ringer. 


To satisfy some applications; a harmonic signal is added to the fundamental frequency in the last step - 
of the automatic swell mode. The pulses representing this harmonic signal are interleaved with the 
pulses of the fundamental signal (see Fig. 7). The difference in pulse duration shown in Table 4, is 
chosen so that the harmonic level is 10 dB below the fundamental level. 

The harmonic frequency range is from 2 kHz to 3,2 kHz. The individual harmonic frequencies for the 
seven tone codes and the relative fundamental frequencies are shown in Table 5. 


Table 5 Harmonic frequency in relation to tone code and fundamental frequency 


tone frequency (Hz) 


Using a single mask it is possible to program the following:— 


@ Addition of harmonics in all the other input states of IS1 and 1S2 
@ All pulse duration values 
@ Other even harmonic frequencies. 


Optical output (OPT) 


The OPT output is designed to drive an optical signal transducer or lamp. It is LOW when the ringer 
circuit is enabled and HIGH when the ringer circuit is disabled. This output can also be used to switch 
the transmitter ON and OFF in the base of a cordless telephone set. 
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"0 3 
DM = HIGH O 
> (PXE) 8 
c 
© Vsg O) 
8 Oo 
3 
—_ 
co 
rere) $$ $$$ Tg = 48 x 31,25 = 1500 2 
a 
Vpp LAT TF be 
DM = LOW _-tT “Ta~Lk. : 
(LSP) = a ree _L-E-T 
0 10 | | 20 30 40 48 
—Pl i 
31,25 us 
7287952 
each pulse has a duration of ts 
Fig.6 Fundamental signal (667 Hz) at pin TONE 
(for fos = 64 kHz, to provide fox = 32 kHz). 
Vop 
DM = LOW 
(LSP) 
Vss 
a 10 20 30 40 48 | | 
<— Tharm = 12% 31,25= 375 us —> | = eee 
$$$ Ting = 48 x 31,25 = 1500 ss —A ir 31,25 Hs 
7287953 
pulse duration = t, pulse duration = tp, 


Fig. 7 Fundamental signal (667 Hz) + harmonic signal (2667 He) at pin TONE 
(for fog¢ = 64 KHz, to provide foK = 32 kHz). 


Programmable multi-tone telephone ringer PCD3360 


RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 

Supply voltage range VDD —0,8to+9 V 
Supply current IpDp max. 50 mA 
D.C. current into any input or output +1,,+1Q max. 10 mA 
All input voltages V\ —0,8 V to Vpp + 0,8 V 
Total power dissipation | Prot max. 300 mW 
Total dissipation per output Po max. 50 mW 
Storage temperature range Tstg —65 to + 150 OC 
Operating ambient temperature range Tamb —25to +70 °C 
HANDLING 


Inputs and outputs are protected against electrostatic charge in normal handling. However, to be 
totally safe, it is desirable to take normal precautions appropriate to handling MOS devices (see 
‘Handling MOS Devices’). 
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D.C. CHARACTERISTICS 


Vpp =6 V; Vgg = 0; fose = 64 KHz; Tamb = —25 to + 70 °C; valid ‘rable conditions at FDI and F E; 
unless otherwise specified 


eee pee 


| Supply 
Operating supply voltage 
Standby supply voltage (note 1) 


Supply voltage for automatic swell reset (note 2) 


| Operating supply current (note 3) 


Stahdby supply current 
at Vpnp < Vsp (note 4) 


Inputs | 
Input voltage LOW (any pin) 


Input voltage HIGH (any pin) 


Pull-down circuits of inputs 
_FDE, RR1, RR2, DM, 1S1, 1S2, TS1, TS2, FL, FH 
pull-down resistance with input at Voc 


pull-down current with input at Vpp 


Pull-down circuit of FDI 


pull-down current with Vep| =9,3Vpp;: 
temperature coefficient of Is; 


_ pull-down current with Vep; = 0,8Vpp 


pull-down current with Vpp < Vsp 


Current into input FDI (note 5) 


Outputs 
TONE, OPT 


Output sink current 
at VoL = 0,5 V- 


Output source current 
at VoH = Vpp—0,5 V 
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A.C. CHARACTERISTICS 


Vpp = 6 V; Vss = 0; fosc = 64 KHz; Tamb = —25 to + 70 °C; valid enable conditions at FDI and F rE: 
unless otherwise specified 


Switch-on delay 
(with FDE = LOW and ringing frequency within 
limits set by FL and FH) td(on) 


Switch-off delay (with FDE = LOW) 
at FL = LOW td(off) 


at FL = HIGH td (off) 
Oscillator frequency 

at Rose = 365 k9Q2; Coc = 56 pF; 

Tamb = 29 OC (note 7) fose 


Frequency variation 
as a function of Vpnp —Afosc 


as a function of Tampb —Afose 


DEVELOPMENT DATA 


Notes to the characteristics 

1. For Vpp < Vsp the circuit is in standby. 

2. At Vpp = VAs the automatic swell register is reset. 

3. Rose = 365 kQ; Coge = 56 pF; FDI = FDE = Vpp; all other inputs and outputs open circuit. 
4 


. The standby supply current is measured with all inputs and outputs open-circuit with the exception 
of OSC. 


5. The current !}g is clamped to Vpp and to Vsg by two internal diodes. Correct operation is ensured 
with Vep| > Vpp or Vep| < Vss, provided the maximum value of Is is not exceeded. (The input 
FDI has an extended HIGH and LOW input voltage range.) 


6. The switch-on delay is measured in cycles of incoming ringing frequency. 


7. Lead lengths of Rog¢ and Coc to be kept to a minimum. 
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APPLICATION INFORMATION 
Application of the PCD3360 in a telephone ringer circuit together with a loudspeaker is shown in Fig. 8. 
The threshold levels Vzj and V,_ of the frequency discriminator circuit are determined by: a 


— @ The logic threshold of input FD! (0,5Vpp typ. 3,4 V for Vpp = 6,8 V) 
@ The pull-down current of input FDI (20 vA typ. for FDI < 3,4 V) 
@ The value of R2 (680 kQ in Fig. 8) 


For a positive slope, the voltage at R2 must exceed the value Vi before FDI will become HIGH; Vy is 
the sum of the input threshold and the voltage drop across R2 thus: 


Vy = 3,4 + (680 x 10%) x (20 x 10°) = 17 V. 


For a negative slope, the voltage at R2 must decrease below the value V;_ before FDI will become LOW. 
Because the current into FDI is negligible with FDI = HIGH the voltage drop across R2 can be 
discounted, thus V;_ = 3,4 V. = | 


The minimum operating voltage across C3 is 17,8 V which is determined by: 


@ The minimum operating voltage of the PCD3360 (5,8 V) 
@ The supply current of the PCD3360 (120 uA max.) 
@ The value of R3 (100 kQ in Fig. 8) | 


The total switch-on delay equals approximately the time required to charge the supply capacitor C3 to 
the minimum operating value, plus the specified switch-on ‘delay of the PCD3360. 


The high operating voltage combined with the class D output stage ensures optimal energy conversion 

© and thereby a high sound level. The design can easily be optimized for parallel or series connection of 
more than one ringer. The diode bridge, zener diode (D1) and resistor R1 protect the ringer against 
transients up to 5 kV. During these surges the voltage on the 68 V zener diode (BZWO3) can rise to | 
100 V; the DMOS transistor BST72A (TR1) has a maximum drain-source voltage of 100 V. Up to 220 V, 
50 Hz can be applied to the a/b terminals without damaging the ringer. 
The choke (L1) in series with the 50 2 loudspeaker increases the sound pressure level by approximately 
3 dB by suppression of the 32 kHz carrier frequency and its sidebands. 
The flyback diode BAX18A (D2) is a fast type with low forward voltage to obtain high efficiency. 


Application of the PCD3360 together with a PXE transducer is shown in Fig. 9. The only significant 
difference between Fig. 8 and Fig. 9is the output stage. Two BST72A transistors provide an output 
voltage swing almost equal to the voltage at C3. Pins IS1 and IS2 are inoperative because DM = HIGH. 
Volume control is possible using resistor Ry. 
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Fig. 9 PCD3360 ringer with PXE transducer. 
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MICROPOWER D.C. VOLTAGE DETECTOR 


GENERAL DESCRIPTION 


The PCF 1251 is a CMOS micropower d.c. voltage detector and it is especially designed for power-on/off 
voltage detection monitoring and reset. The IC has an extremely low current consumption and is 
therefore particularly suited for battery operated applications. The internal bandgap reference voltage 

is stable with temperature variations. The voltage trip-point and the hysteresis can be set independently 
with external resistors. Two of the four outputs can be delayed with an external capacitor. 


Features 


Extremely low current consumption 

@ Built-in bandgap voltage reference 

@ Wide range of voltage trip-points 

@ Two pairs of outputs; one pair with delay possibility 
@ 8-lead DIL or SO-8 mini-pack (plastic packages) 


QUICK REFERENCE DATA 


parameter 


Supply voltage range with respect to Vss 
Supply current 
Output currents at V[pp = 1V mA 


Bandgap voltage reference at 25 °C 


Spa! 


BANDGAP SWITCH-ON DELAY 


VOLTAGE 
DETECTOR PULSE CIRCUITRY 


(1,15 V) (> 1us) (10 us to >10 ms) 


Vss 


7Z91307.2 | _—-POWF REGND RESET 
Fig. 1 Block diagram. 


PACKAGE OUTLINES 


PCF1251P: 8-lead DIL; plastic (SOT-97AE). 
PCF1251T: 8-lead mini-pack; plastic (SO-8; SOT-96A). 
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B PINNING 

1 POWF power-fail output 

ae 2 POWF power-fail output (inverted) 
3. Vss negative supply voltage 
4 REGND reset ground 
5 RESET reset output (inverted; delayed) 

ic 6 RESET reset output (delayed) 

Fig. 2 Pinning diagram. f CT capacitor for additional delay 

8 Vpp positive supply voltage 


FUNCTIONAL DESCRIPTION 


The PCF 1251 consists of a bandgap voltage reference, a comparator and delay circuitry (see Fig. 1). The 
supply voltage of the circuit (Vpp with respect to Vss) is compared with an internal bandgap voltage 
reference by means of a special comparator. This comparator is connected to the circuit supply voltage. 
As long as the supply voltage is above the reference voltage level, the four open-drain outputs are all 
switched off and an extended drain-source voltage of up to 6 V is allowed. When the supply voltage is 
reduced and reaches the reference voltage level (Vref), the power-fail outputs are switched on 
(p-channel for POWF and n-channel for POWF outputs). After a delay, determined by an external 
capacitor between pins CT and Vpp, the outputs RESET and RESET are switched on. The same delay 
will be active when the supply voltage is increased again and exceeds the internal voltage reference, 
resulting in switching off the outputs. 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 


Supply voltage with respect to Vss © VppD 
Output voltage at pin 2 

Vpp with respect to V9 V9 
Output voltage at pin 5 (pin 4 at Vss) 

Vpp with respect to V5 __ V5 
Output voltage at pin 1 | 

V1 with respect to Vss V1 
Output voltage at pin 6 

Vg with respect to Vss V6 
Voltage at pin 7 (CT) V7 
Current at pin 7 (CT) I7 
Output currents at pins 1,2, 5 and 6 lol 
Total power dissipation Prot 
Operating ambient temperature range | Tank 
Storage temperature range T stg 
HANDLING 


Inputs and outputs are protected against electrostatic charge in normal handling. However, to be 
totally safe, it is desirable to take normal precautions appropriate to handling MOS devices (see 
‘Handling MOS Devices’). 
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PCF1251 


CHARACTERISTICS 
Vpp = 1 to 6 V; Vss = 0 V; Tamb = —40 to + 85 °C; unless otherwise specified 


parameter 


Operating supply voltage 
Operating supply current 


Vpp = 6 V; all outputs open IDp 
Bandgap voltage reference; Tampb = 25 °C VREF 
Vref temperature coefficient AVreEF/AT 


Output current at pins 2 and 5 

Tamb = 25 °C; Vpp < VREF: 

Vo = 0,4 V with respect to Vss 
Output current at pins 1 and 6 

Tamb = 25 °C; Vpp < VREF: 
—Vo = 0,4 V with respect to Vpnp 


(1) For correct switching of the outputs 
the slew rate of the supply voltage 
should be less than 1 V/ms. 


7Z91308.2 


Fig. 3 Test circuit for timing measurements. 


= undefined 7291303 


Fig. 4 Timing diagram for slow supply voltage changes. 
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(1) tRESET = 


+ 0 
[0,1 ms + 3,2 ms x Cy (nF)] pee 


—50% 


Fig. 5 Timing diagram for fast supply 
voltage switching on (non-repetitive). — 


APPLICATION INFORMATION 


(1) The value of capacitor C is chosen 
to limit the slew rate of the supply 
voltage to less than 1 V/ms (e.g. the 


hysteresis voltage step on resistor R3). 


(2) CT (pin 7) is a high-impedance 
connection for the capacitor Cy. 
This capacitor adds to the reset 
delay time provided by an internal 
current source (120 nA) and 
capacitor. Care must be taken to 
avoid external leakage current at 
this pin but the pin should not be 
left open circuit as stray capacitances 
to Vgc can then disturb the delay 
function. 


R3 


(1) VHyst=VTRIPX ==: (0,2 V max.) 


R3+R4 


R1+R2 
R2 


(2) VTRIP= VREFX 


Fig. 7 Timing diagram for the circuit 
of Fig. 6. 
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= undefined (typ. 7 ys) 


RESE 
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| reset tRESET| | 
—el ke ee 


LCD DUPLEX DRIVER 


GENERAL DESCRIPTION 


PCF 2111 


The PCF2111 is a single chip, silicon gate CMOS circuit designed to drive an LCD (Liquid Crystal 
Display) with up to 64 segments in a duplex manner; specially for low voltage applications. A three-line 
bus structure enables serial data transfer with microcontrollers. All inouts are CMOS/NMOS compatible. 


Features 


@ 64 LCD-segment drive capability 
@ Supply voltage 2,25 to 6,5 V 

@ Low current consumption 

®@ Serial data input 

CBUS control 

One-point built-in oscillator 
Expansion possiblity 


ce 64-SEGMENT LCD 


SEGMENT 
DRIVERS 


ANALOGUE 
BACKPLANE & VOLTAGE 


DLEN Ses OSCILLATOR oF 
CLB & 
ews CONTROL pies DIVIDER 

DATA CONTROL 

ek 1MQ 

SHIFT 
REGISTER pore 
7284581.2 


Fig. 1 Block diagram. 


PACKAGE OUTLINES 


PCF2111P: 40-lead DIL; plastic (SOT-129). 
PCF2111T: 40-lead mini-pack; plastic (VSO-40; SOT-158A). 
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RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage with respect to Vgc  Vop —0,3 to8 V 
- Voltage on any pin | Vi Vsg —0,3 to Vpp + 0,3 V 
Operating ambient temperature range Tamb —40 to+85 °C 
Storage temperature range | T stg —55 to +125 °C 
HANDLING 


Inputs and outputs are protected against electrostatic charge in Sania handling. However, to be 
totally safe, it is desirable to take normal precautions appropriate to handling MOS devices (see 
‘Handling MOS devices’). 


CHARACTERISTICS 


Vpp = 2,25 to 6,5 V; Vss = 0 V; Tamb = —40 to + 85 °C; Rg = 1 MQ; Co = 680 pF; unless otherwise 
papain 


ae Ce 


Supply current 
Supply current 


Display frequency 


D.C. component 
of LCD drive 


Load on each segment 
driver 


Load on each backplane 
driver 


Input voltage HIGH 
Input voltage LOW 


Rise time 
Vpp to Vgx 


Inputs CLB, DATA, DLEN 
Input capacitance 


Rise and fall times | 
CLB pulse width HIGH 
CLB pulse width LOW 
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no external load 


no external load; 
Tamb = —25 to + 85 OC 


see Fig. 8; T = 680 us. 


with respect to Vsx 


see Fig. 9 


max. load 


see note on next page 


for SOT-129 package 
for SOT-158A package 


see Fig. 2 
see Fig. 2 


see Fig. 2 
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CHARACTERISTICS (continued) 


[eee Jess ro Pe 


Data set-up time 
~ DATA —» CLB see Fig. 2 
Data hold time 
DATA —» CLB see Fig. 2 
Enable set-up time 
DLEN —®» CLB see Fig. 2 
Disable set-up time 
CLB —®» DLEN see Fig. 2 
Set-up time (load pulse) 
DLEN —® CLB see Fig. 2 
Busy-time from load 
pulse to next start of | 
transmission see Fig. 2 
Set-up time (leading zero) 
DATA —» CLB see Fig. 2 


Note 


All timing values are referred to Vjyj min and ViL max” (see Fig. 2). 1f external resistors are used in the 
bus lines (see Fig. 9), the extra time constant has to be added. 


* With an input voltage swing of Vit max—0,1 V to Vipmin + 0,1 V. 
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NO 
= 

= ack 

< 

==> 

ice) 

go ENABLE DISABLE 

Bb 

Vinmin Vinmin 
DLEN 
Vitmax Vmax 


(34) 
> tTSUEN 
tHDDA 
+ tsyuLz> —_—_—> tsuDA—>! x— tHppa —" <— tsudi —'! ~~ tsyuLD—> <— tgusy > 
<—twe—>! be two! le tw 
LEADING ZERO . DATA S1 LOAD BIT LOAD PULSE 72Z90795.P 


Fig. 2 CBUS timing. 
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CLB V 
jij. 2 3 4 5 6 7 8 32 33 34 {35 
—— <_—— 
test leading zero load pulse 
DATA ~ 
bitno. O 1 2 3 4 5 6 7 31 32 33 
output # S1 S2 $3 S4 S&S S6 S7 $31 $32 4 
leading zero load bit 


7283444 .3P 


_ Fig. 3 CBUS data format. 


Notes to Fig. 3 


An LCD segment is activated when the corresponding DATA-bit is HIGH. 
When DATA-bit 33 is HIGH, the A-latches (BP1) are loaded. With DATA-bit 33 LOW, the B-latches 
(BP2) are loaded. CLB-pulse 35 transfers data from shift register to selected latches. 


The following tests are carried out by the bus control logic: 


a. Test on leading zero. 

b. Test on number of DATA-bits. 

c. Test of disturbed DLEN and DATA signals daring transmission. 

If one of the test conditions is not fulfilled, no action follows the load condition (load pulse with DLEN 
is LOW) and the driver is ready to receive new data. 
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A a a ee en et ae 
pile NOR ee Il aa ie a 
Sa ES ee [ies ee 
salle PN Nhe ec! ee a 
pot aoe es SS Re Se ae a ae 
Se as SO ASS = | 
A Mcetle oll se st actsle eee taal ee ie. en 
ee ae ee a ae ee 
es em a a ee ee ee ee 
es ae a a ee ee ae ae 
eles (ae i Ce ee one (ee a 
0 2 4 6 Coat 
Fig. 4 Output resistance of backplane and Fig. 5 Display frequency as a function of 
segments. | supply voltage; RoCo = 680 us. 
Tamb = —40 °C; — — — Tamb = + 25 °C; Tamb = —40 °C; — — — Tamb = + 25 °C; 
—:—+ Tamb = +85 PC. : : —+—-+ Tamb = +85 OC. 
7Z82808.1 _-7Z82810.1 


0 
0 400 800 1200 1600 
RCo (us) ; 
Fig. 6 Display frequency as a function of Fig. 7 Supply current as a function of 
Ro X Co time; Tampb = 25 PC. supply voltage. 


ee Tamb = +85 OC. 
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—~! 1/ficp | 7284580.1 


Fig. 8 Timing diagram. 


BUS DRIVER PCF2111 


7283448,.2Q 


Fig. 9 Input circuitry. 


Note to Fig. 9 


Vss line is common. In systems where it is expected that Vpp2 > Vpp1 + 0,5 V, a resistor should 
be inserted to reduce the current flowing through the input protection. 
Maximum input current < 40 pA. 
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hak eee -DIGIT PLUS 16 DECIMAL POINTS LCD 
hak eee 400 


BP1 — S1 to $32 
Vop 


BP1BP2 S1to$32 


DLEN 
CLB 
DATA 


DLEN 
CLB  PCF2111 OSC 


pcr2111 OS 


DATA 


SLAVE Vgs 


DATA 
CLB 
DLEN1 


DLEN2 7284579.4 


_ (1) In the slave mode, the serial resistors between BP1 and BP2 of the PCF2111 and the backplane of 
the LCD must be > 2,7 kQ.. In most applications the resistance of the interconnection to me LCD 
already has a higher value. 


Fig. 10 Diagram showing expansion possibility for a 16-digit plus 16 decimal points LCD. 


Note to Fig. 10 


By connecting OSC to Vsg the BP-pins become inputs and generate signals synchronized to the single 
oscillator frequency, thus allowing expansion of several PCF2111, PCF2110 and PCF2100 ICs up to 
the BP drive capability of the master. : 


PCF2100 is a 40 LCD-segment driver; PCF2110 is a 60 LCD- seeannent driver plus 2 LED driver outputs. 
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PINNING 
CLB 4 40 | DLEN Supply 
Vop DATA 2 Vpp Positive supply 
Sse Sei 4 Vss Negative supply 
Vgg | 4 | BP2 Inputs 
$32| 5. S1 3 OSC Oscillator input 
531 [6 | 69 39 DATA Data line 
40 DLEN Data line enable CBUS 
$30 $3 
1. CLB Clock burst 
S29 | 8 | S4 
s28 [9 | $5 Outputs 
527 fro] = 38 BP1 | Backplane drivers (common of 
CEDIA | 37. BP2 {| LCD) 
$26 s7 S1toS$32 LCD driver outputs 
S25 $8 
$24 $9 
$23 |14| $10 
S22 S11 
S21 $12 
$20 $13 
$19 | 18 | S14 
S18 |19 | S15 
S17 21] S16 
7Z82806.2P 


Fig. 11 Pinning diagram. 
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DEVELOPMENT DATA 
This data sheet contains advance information and | PC F8200 


specifications are subject to change without notice. 


VOICE SYNTHESIZER 


GENERAL DESCRIPTION 


The PCF8200 is a CMOS integrated circuit for generating good quality speech from digital code with 

a programmable bit rate. The circuit is primarily intended for applications in microprocessor controlled 
systems, where the speech code is stored separately. 

Applications include automotive, telephony, personal computers, annunciators, aids for the handicapped, 
and general industrial devices. 


Features 

@ Male and female speech with good quality 

@ Speech-band from 0 to 5 kHz 

@ Bit-rate between 455 bits/second and 4545 bits/second 

@ Programmable frame duration 

@ Programmable speaking speed 

@ CMOS technology 

@ Operating temperature range —40 to + 85 °C 

@ Single 5 V supply with low power consumption and power-down stand-by mode 

@ Interfaces easily with most popular microcomputers and microprocessors through 8 bit parallel 


bus or I?C bus 

Software readable status word (parallel bus or IC bus) 
@ BUSY-signal and REQ-signal hardware readable 

@ Internal low-pass filter and 11-bit D/A converter 


QUICK REFERENCE DATA 


parameter symbol min. typ. max. unit 
Supply voltage Vpp ~_ 5 _ V 
Supply current IDD — 12 # mA 
Supply current (stand-by) IDD(SB) — 1 — LA 
Inputs | 

Input voltage Vin 2,0 — VppD V 
Input voltage VIL 0 _ 0,8 V 
Input capacitance C, — 7 — pF 


Outputs (D5 to D7) 


Output voltage high VOH 3,5 — VppD V 
Output voltage low VOL 0 — 0,4 V 
Load capacitance Cy on — 80 pF 
Operating ambient 

temperature range Tamb —40 — + 85 °C 


# Value not yet available. 
PACKAGE OUTLINE 
24-lead DIL; plastic (SOT-101A). 


July 1986 407 


807 


Ca. 
= 
< 
seotees 
co 
©0 
0) 


SER/PAR 


D7/SDA 


D6/SCL 


D5 to DO ; 
~ Vgs-b Vpp-D 
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PCF8200 


PARALLEL 
fic Te 
15___| INTERFACE 


STATUS/ 


EXCITATION 
CHAIN 1 


STATIC 


LATCH COMMAND 


REGISTER 


PL 


I2¢ SHIFT EXCITATION FILTER 
17 INTERFACE CONTROL | BUFFER CHAIN 2 DATA AN | 


SOURCE 
GENERATOR 


- 


REQUEST 
CONTROL 


DECODER 


11 


PITCH VALUE 
AND 
2 MHz END-OF- 7 PITCH 
CLOCK SPEECH artikel ee INCREMENT 
GENERATOR 7 VALUE 


CONTROL 


PARALLEL/ 
SERIAL 
REGISTER 


POWER 
UP/DOWN 
CONTROL 


COEFFICIENT 
CHAIN 


CRYSTAL iia 
OSCILLATOR Sea 
OUT 
+16 P 
7Z80615.2 
TEST n.c. 


Fig. 1 Block diagram. 
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Voice synthesizer | P CF8200 


PINNING 


PCF 8200 


Fig. 2 Pinning diagram. 


7297577 

1 VDD-A positive supply voltage for DAC output stage 
= 2 VREF DAC reference voltage input 
A 3 OUT speech output 
2 4 Vss-A negative supply voltage for DAC stage 
= 5 n.c. not connected 
° 6 TEST for normal operation this pin must be grounded (Vss) 
S 7 OSCI oscillator input 
a 8 OSCO oscillator output 

9 SER/PAR for parallel data bus operation this pin is hard-wired to Vpp, or to Vss to 


enable the |?C bus 


10 REQ status bit indicating request for data 

11 BUSY status indicating synthesizer busy 

12 Vss-p negative supply voltage for digital circuits 

13 CE chip-enable input 

14 R/W read/write control input 

15 WwW write input 

16 SDA/D7 I?C bus serial data input/output (serial mode) 
or parallel data input/output D7 (parallel mode) 

17 SCL/D6 |?C bus serial clock input/output (serial mode) 
Or parallel data input/output D6 (parallel mode) 

18 D5 

19 D4 

20 D3 : 

74 D2 parallel data input/outputs 

22 D1 

23 DO 

24 VDD-D positive supply voltage for digital circuits 
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FUNCTIONAL DESCRIPTION 


The synthesizer has been designed for a vocal tract modelling technique of voice synthesis. An excitation 
signal is fed to a series of resonators. Each resonator simulates one of the formants in the original speech. 
It is controlled by two parameters, one for the resonant frequency and one for the bandwidth. Five 
formants are needed for male speech and four for female speech. The output of this system is defined by 
the excitation signal, the amplitude values and the resonator settings. By periodic updating of all para- 
meters very high quality speech can be produced. 


OPERATION 


Speech characteristics change quite slowly, therefore the control parameters for the speech synthesizer 
can be adequately updated every few tens of milliseconds with interpolation during the interval to ensure 
a smooth changeover from one parameter value to the next. In the PCF8200 the standard-frame duration 
can be set to 8,8 , 10,4, 12,8 or 17,6 milliseconds with the speed-option, speaking speed, in the command- 


register. 
The duration of each individual speech frame is programmable to be 1, 2, 3 or 5 times the standard-frame 
duration. 
10 01 00 11 FSO, FS1 
00 8,8 10,4 12,8 17,6 ms 
01 17,6 20,8 25,6 35,2 ms 
10 26,4 31,2 38,4 52,8 ms 
11 440 52,0 64,0 88,0 ms 
FD1, FDO 


Table 1. Frame duration as a function of speed-option (FS1, FSO) and frame-duration (FD1, FDO). 


The excitation signal is a random noise source for unvoiced sounds and a programmable pulse generator 
for voiced sounds. Both sources have an amplitude modulator which is updated 8 times in one speech- 
frame by linear interpolation. The pitch is updated every 1/8 of a standard frame. 


The excitation signal is filtered with a five formant filter for male speech and a four formant filter for 
female speech. The formant filter is a cascade of all second-order sections. The control parameters, formant- 
frequency and formant-bandwidth, are updated eight times per speech frame by linear interpolation. 

A block diagram of the formant synthesizer is shown in Fig. 3. 


The filter output is upsampled to 80 kHz and filtered with a digital low-pass filter. Before the signal is 
digital to analogue converted (DAC), with an 11-bit switched capacitor DAC, the signal is multiplied 
with a DAC-amplitude factor, The use of a digital filter means that no external audio filtering is required 
for low-medium applications and minimal filtering is required for those applications requiring very high 
quality speech. 


UPSAMPLED 
DIGITAL 
FILTER 


5 FORMANT 
FILTER 


SPEECH 
OUT 


7Z80616 


PULSE 
GENERATOR 


Fig. 3 Block diagram of formant synthesizer. 
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DATA FORMAT 
Three types of format are used for data transfer to the synthesizer. 


DAC-amplitude factor 


The DAC-amplitude factor is one byte, which is used to optimize the digital speech signal to the 11-bit 
DAC. It is the first byte after a STOP or a BADSTOP or Vpp on. Table 2 indicates the amplitude factor. 


byte factor dB 
01110000 3,5 10,88 
10110000 3,25 10,24 
00110000 3,0. 9,54 
11010000 2,75 8,97 
01010000 2,5 7,96 
10010000 2,25 7,04 
00010000 2,0 6,02 
11100000 1,75 4,86 
01100000 1,5 3,52 
10100000 1,25 1,94 
00100000 1,0 0,00 
11000000 0,75 —2,50 
01000000 0,5 —6,02 
10000000 0,25 —12,04 
00000000 0,0 

11110000 HEX code FO is not allowed as a DAC amplitude 


Table 2 DAC amplitude factor. 


Start pitch 


The second byte after a STOP or BADSTOP, or Vpp on is the start pitch. It is a one byte start value 
for the on-chip pitch-period generator. 


Frame Data 
The frame data is a five byte block which contains the filter and source information: 


pitch increment/decrement value 5 bits 
amplitude 4 bits 
frame duration 2 bits 
frequency of 1st formant 5 bits 
frequency of 2nd formant | 5 bits 
frequency of 3rd formant 3 bits 
frequency of 4th formant 3 bits 
frequency of 5th formant 1 bit 

bandwidth of 1st formant 3 bits 
bandwidth of 2nd formant 3 bits 
bandwidth of 3rd formant 2 bits 
bandwidth of 4th formant 2 bits 
bandwidth of 5th formant 2 bits 


40 bits = 5 bytes 
The frame-data bits are organized as shown in Fig. 4. 
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byte 0 
byte 1 
byte 2 . | | | . 7 


7Z80617.2 


It is not allowed to set byte 0 to the hexadecimal value 00. 
Fig. 4 Format of frame-date. 


CONTROL FORMAT 


Command Write oe ; | 7 . 
A command write consists of two ised, and it may occur before a data block. The four bits which can 
be written are shown in Fig. 5.: , ee : 


byte 1 1 STOP M/ F 0 FS1 FSO 


Fig. 5 Control write: first byte fixed, second byte control. | 


FSO, FS1 speed option 


FS1. FSO speech | 2 i _____- Standard-frame 
ne : speed == ~~ duration — 
0 0 100% | | 12,8 ms 

0 1 145% | ee 8,8 ms 

‘ 0 123% 40,4 ms 

1 4 73% ay sak : ot i ss 17,6 ms 


M/F, male/female option 


M/F =QOmale quantization table 
= 1 female quanti:zation table 


STOP 
STOP = 1 stop; repeat last complete frame with amplitudes Oo 
(no excitation signal) 


= 0 if the frame data is not sent within ‘he aurtion of a half 
frame, there will be a BADSTOP: 


1.REQ =1STOP=0 
2. Repeat last frame with amplitude = 0 
3. BUSY =0 
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Status Read 


Three status bits can be read out at any time without a preceding byte (00). 
This is shown in Fig. 6. 


D7 DO 
REQ BUSY STOP x x x x x 


7Z80619.2 | 


Fig. 6 Status read. 


REQ 1 No data required 
= Q Synthesizer requesting for new data 
BUSY 1 Busy (an utterance is pronounced) 
= 0 Idle, REQ will set to 1; the synthesizer is in STOP or BADSTOP mode 


STOP The STOP bit is the same as the stop bit written to the 
synthesizer during a command write. 
STOP = 1, BUSY = 0 stopped by the user. 
STOR: 0, BUSY = 0 BADSTOP because the data was not sent in time. 


After initial power-up the status/command register is set to the following status: 


FSO, FS1 = 0 Standard-frame duration of 12,8 ms 
M/F O Male quantization table 

STOP = 0 

BUSY = 0 Idle 

REG 1 No data required 

INTERFACE PROTOCOL 


Data can be written to the synthesizer when REO = 0 or, when REO = 1 and BUSY = 0. Figure 7 
shows the interface protocol of the synthesizer. 

In parallel mode the synthesizer is activated by sending the DAC-amplitude factor. In serial mode the 
DAC-amplitude factor can be sent as soon as the synthesizer is powered-up. | 

The |?C transmitter/receiver will then acknowledge. When the request for the pitch-byte occurs the. 
byte must be provided within the duration of a half standard frame. If the byte is not provided in time 
a BADSTOP will be generated. 

During each data write operation, the status bit REQ will be set to ‘1’. 

Within a frame data block, it disappears within a few microseconds, asking for the next byte ai that 
block. If the bytes of frame data are not provided within the time-duration of a half frame, a BADSTOP 
will be generated. 


I?C ADDRESS 
On chip there is a |7C slave receiver/transmitter with the address: 


76543210 
0010000 R/W 
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POWER UP 

The synthesizer will be set to power-up on a parallel-write sequence. 

PAR-mode: The input-latches are active so they can receive the first byte 

SER-mode: The I?C transmitter/receiver will not acknowledge until the synthesizer has powered- 


up. To power up the synthesizer a parallel write sequence (Fig. 9) must be made to 
the synthesizer by using external logic for the control lines; at least one line must be 
toggled, CE, while W = 0 and R/W = 1. 

The synthesizer can | be set to permanent power-up by hard-wired control pins 

(CE = 0, R/W= 1, W= 0). 


POWER DOWN MODE 


When BUSY = 0 the synthesizer will be set to power-down. In the power-down mode the status/command 
register will be retained. 

In power-down mode the clock-oscillator is switched off. After initial Vpp the synthesizer is in power- 
down mode. ) 


HANDLING 


All inputs and outputs are protected against electrostatic charge under normal handling conditions. 


RATINGS | | 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 


Supply voltage any pin with 
respect to Vss 
Input voltage any pin with 
| 1 respect to Vsg 
Output voltage any pin with 
a | ~| ° respect to Vs 
D.C. input diode current Vy <Vgg 
Vi>Vpp 


D.C. output diode current Vo <Vsg 
Vo>Vpp 


Operating ambient _ 
temperature range 


Storage temperature range 
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CHARACTERISTICS 


Tamb = —45 to + 85 °C; supply voltage (Vpp to Vss) = 4,5 to 5,5 V with respect to Vcc, unless 
otherwise specified 


Supply 

Supply voltage 
Supply current 
Standby current 


Inputs 
CE, R/w, W 
Input voltage HIGH 
Input voltage LOW 
Input leakage current 
Vin =0to 5,5 V 
Rise and fall times (note 2) 
Input capacitance 


OSCI 
Input voltage HIGH 
Input voltage LOW 
Input leakage current 
Vin =0 to 5,5 V 
Rise and fall times (note 2) 
Input capacitance 


PARALLEL MODE 


Input Characteristics 
(DO to D7) 


Input voltage HIGH 

Input voltage LOW 

Input leakage current 
(Vin = 0 to 5,5 V, 
output off) 

Input capacitance 


Output Characteristics 
(D5 to D7 only) 


Output voltage HIGH 
(loH = —100 vA) 
Output voltage LOW 
(lot = 3,2 mA) 
Load capacitance 
Rise and fall times (note 3) 


SERIAL MODE 


Input characteristics 
(SDA and SDL) 


Input voltage HIGH 

Input voltage LOW 

Input leakage current 
(Vi, =Oto5,5V, 
output off) 

Input capacitance 


DEVELOPMENT DATA 
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Output Characteristics | 
(SDA only, open drain) 


Output voltage LOW | 
(lo, = 3 mA) 
OSCILLATOR 
Crystal frequency 


VREF 
Reference voltage 


Input leakage current (active) 
Outputs 
REG, BUSY 
Output voltage HIGH 
(lop = 100 nA) 
Output voltage LOW 
(lo_ = 3,2 mA) 
Load capacitance 
Rise and fall times (note 3) 
OUT | 


Output voltage 
Minimum external load 


0,66 x VREF 
600 


Timing characteristics __ 
(note 1) (Figs 8 and 9) 


Write enable 

Data set-up for write 

Data hold for write 

Read enable 

Data delay for read (note 2) | 

Data floating for read 
(note 2) | 

Control set-up 

Control hold 

REO new (new byte of the 
same speech frame) 

REQ Valid 

REQ Hold 


NOTES TO THE CHARACTERISTICS 


1. Timing reference level is 1,5 V; supply 5 V + 10%; temperature range of —40 °C to 85 °C. 

2. Levels greater than 2 V for a ‘1’ or less than 0,8 V for a ‘0’ are reached with a load of one TTL: 
input and 50 pF. 

3. Rise and fall times between 0,6 V and 2,2 V levels. 


# Values not yet available. 
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Fig. 7 Interface protocol. 
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Timing diagrams 4 | 
The control signals CE, R/W and W have been specified to enable easy interface to most microprocessors 
and microcomputers, For instance with connection to an MAB8048 microcomputer the R/W and W 


inputs can be used as the RD and WR strobe inputs. 


Ay \. READ / aM ee 


7280541 


Typical connection of control signals. 


tRD 
CE 
CE used 
as § strobe tcs tcH 
W = 70’ _ 
R/W 
R/W a 
R/W used as 
read strobe tes tcH 
CE ='0’ - 
W 
‘DF 


7280542 
Fig. 8 Read timing. 
=. twr 
cE — 
CE used 
as strobe <—tos > ton 
W = 0’ 
R/W 3 
tcs TCH 
W used | R/w 
as write 
strobe — 
CE='o | W 
apa =i 
ion a: 
tav> 
-data —— 
write REQ t 
RN 
7280621 


Fig. 9 Write timing. 
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7Z280623.1 SYNTHESIZER 


Fig. 10 Typical application configuration with parallel interface. 


MICROPROCESSOR 


7Z80622 SYNTHESIZER 
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Fig. 11 Typical application configuration with series interface. 


PCF 8200 
SYNTHESIZER 


‘f ‘fo 


= 140 mW 
(17 6 MHz 


7 7Z80624 .1 


Fig. 12 An example of an output configuration. 
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Fig. 13 Oscillator clock configurations. 
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UNIVERSAL LCD DRIVER FOR LOW MULTIPLEX RATES 


GENERAL DESCRIPTION 


The PCF8566 is a peripheral device which interfaces to almost any liquid crystal display (LCD) having 
low multiplex rates. It generates the drive signals for any static or multiplexed LCD containing up to 
four backplanes and up to 24 segments and can easily be cascaded for larger LCD applications. The 
PCF8566 is compatible with most microprocessors/microcontrollers and communicates via a two-line 
bidirectional bus (1*C). Communication overheads are minimized by a display RAM with auto-incre- 
mented addressing, by hardware subaddressing and by display memory switching (static and duplex 
drive modes). 


Features 


Single-chip LCD controller/driver 

Selectable backplane drive configuration: static or 2/3/4 backplane multiplexing 

Selectable display bias configuration: static, 1/2 or 1/3 

Internal LCD bias generation with voltage-follower buffers 

24 segment drives: up to twelve 8-segment numeric characters; up to six 15-segment alphanumeric 
characters; or any graphics of up to 96 elements 

24 x 4-bit RAM for display data storage 

Auto-incremented display data loading across device subaddress boundaries 

Display memory bank switching in static and duplex drive modes 

Versatile blinking modes 

LCD and logic supplies may be separated 

3 V to 6 V power supply range 

Low power consumption 

Power-saving mode for extremely low power consumption in battery-operated and telephone 
applications 

17C bus interface 

TTL/CMOS compatible 

Compatible with any 4-bit, 8-bit or 16-bit microprocessors/microcontrollers 

May be cascaded for large LCD applications (up to 1536 segments possible) 

Cascadable with the 40 segment LCD driver PFC8576 

Optimized pinning for single plane wiring in both single and multiple PCF8566 applications 
Space-saving 40-lead plastic mini-pack (VSO-40; SOT-158A) 

No external components required (even in multiple device applications) 

Manufactured in silicon gate CMOS process 


Purchase of Philips’ 12C components conveys a license under the Philips’ 1*C 
patent to use the components in the |*C-system provided the system conforms 
to the I*C specification defined by Philips. 


PACKAGE OUTLINES 


PCF8566T: 40-lead mini-pack; (VSO-40; SOT-158A). | 
PCF8566P: 40-lead DIL; plastic (SOT-129). 
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Fig. 1 Block diagram. 
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Universal LCD driver for low multiplex rates PCF8566 


PINNING 
1 SDA I2C bus data input/output 
2 SCL I2C bus clock input/output 
3 SYNC cascade synchronization input/output 
4 CLK external clock input/output 
5 Vpp positive supply voltage 
6 OSC oscillator input 
7 AO 
8 Al I?C bus subaddress inputs 
9 A2 
10 SAO IC bus slave address bit 0 input 
11 Vss logic ground 
PCF8566 | 12 Vicp LCD supply voltage 
13 BPO 
14 BP2 
15 BP1 LCD backplane outputs 
16 BP3 
17 SO 
to to ; LCD segment outputs 
40 $23 


DEVELOPMENT DATA 


7297492 


Fig. 2 Pinning diagram. 
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FUNCTIONAL DESCRIPTION 


The PCF8566 is a versatile peripheral device designed to interface any microprocessor to a wide variety © 
of LCDs. It can directly drive any static or multiplexed LCD containing up to four backplanes and up 

to 24 segments. The display configurations possible with the PCF8566 depend on the number of active 
Table 1 Selection of display configurations 


backplane outputs required; a selection of display configurations is given in Table 1. 
no. of 7-segment 14-segment dot matrix 
segments numeric alphanumeric 
12 digits + 6 characters + 96 dots 
12 indicator | 12 indicator (4 x 24) 
symbols symbols 
72 dots 
(3 x 24) 


48 dots _ 
(2 x 24) 


active back- 
plane outputs 


4 characters + 
16 indicator 
symbols 


9 digits + 
9 indicator 
symbols 


3 characters + 
6 indicator 
symbols 


6 digits + 
6 indicator 
symbols 


1 characters + 24 dots 
10 indicator 


symbols 


3 digits + 
3 indicator 
symbols 


All of the display configurations given in Table 1 can be implemented in the typical system shown in 
Fig. 3. The host microprocessor/microcontroller maintains the two-line 12C bus communication channel 
with the PCF8566. The internal oscillator is selected by tying OSC (pin 6) to Vss. The appropriate 
biasing voltages for the multiplexed LCD waveforms are generated internally. The only other connec- 
tions required to complete the system are to the power supplies (Vpp, Vss and VL cp) and to the 
LCD panel chosen for the application. 


LCD PANEL 


HOST 
MICRO- 
PROCESSOR/ 
MICRO - 
CONTROLLER 


PCF 8566 (up to 96 


elements) 


7 8 9 10 1 


Fig. 3 Typical system configuration. 
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Power-on reset 

At power-on the PCF 8566 resets to a defined starting condition as follows: 
1. All backplane outputs are set to Vpp. 

2. All segment outputs are set to Vpp. 

3. The drive mode ‘1 : 4 multiplex with 1/3 bias’ is selected. 

4. Blinking is switched off. 

5. Input and output bank selectors are reset (as defined in Table 5). 

6. The I?C bus interface is initialized. 

7. The data pointer and the subaddress counter are cleared. 


Data transfers on the I?C bus should be avoided for 1 ms following power-on to allow completion of the 
reset action. 


LCD bias generation 


The full-scale LCD voltage (Vop) is obtained from Vpp — Vicp. The LCD voltage may be temperature 
compensated externally through the V| cp supply to pin 12. Fractional LCD biasing voltages are obtained 
from an internal voltage divider of three series resistors connected between Vpp and V1 cp. The centre 
resistor can be switched out of circuit to provide a % bias voltage level for the 1 : 2 multiplex configuration. 


LCD voltage selector 


The LCD voltage selector coordinates the multiplexing of the LCD according to the selected LCD drive 
configuration. The operation of the voltage selector is controlled by MODE SET commands from the 
command decoder. The biasing configurations that apply to the preferred modes of operation, together 
with the biasing characteristics as functions of Voy = Vpp — VLCp and the resulting discrimination 
ratios (D), are given in Table 2. 


Table 2 Preferred LCD drive modes: summary of characteristics 


LCD drive mode LCD bias V of f(rms) Von (rms) — Von(rms) 
Vop Vop V off(rms) 


configuration 


static (1 BP) static (2 levels) 0 | 1 oo 

1: 2 MUX (2 BP) 1/2 (3 levels) /2/4= 0,354 | ./10/4=0,791 | ./5= 2,236 
1: 2 MUX (2 BP) 1/3 (4 levels) 1/3 = 0,333 /5/3 = 0,745 | ./5 = 2,236 

1: 3 MUX (3 BP) 1/3 (4 levels) 1/3 = 0,333 /33/9 = 0,638 | ./33/3 = 1,915 
1: 4 MUX (4 BP) 1/3 (4 levels) 1/3 = 0,333 J/3/3=0,577 | /3= 1,732 
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LCD voltage selector (continued) 


A practical value for Vop is determined by equating Voff(rms) with a defined LCD threshold voltage 
(Vth), typically when the LCD exhibits approximately 10% contrast. In the static drive mode a 
suitable choice is Vop £3 Vth. _ 

_ Multiplex drive ratios of 1: 3 and 1: 4 with 1/2 bias are possible but the discrimination and hence the 
contrast ratios are smaller (/3 = 1,732 for 1: 3 multiplex or,/21/3 = 1,528 for 1 : 4 multiplex). 
The advantage of these modes is a reduction of the LCD full scale voltage Vop as follows: 


1: 3 multiplex (1/2 bias) : Vop =/6 Voff(rms) = 2,449 Voff(rms) 
1: 4 multiplex (1/2 bias) : Vop = 4/3/3 Vott(rms) = 2,309 Vott(rms) 


These compare with Vop = 3 Voff(rms) When 1/3 bias is used. 


LCD drive mode waveforms 


The static LCD drive mode is used when a single backplane is provided in the LCD. Backplane and 
segment drive waveforms for this mode are shown in Fig. 4. 
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Sn 


Sn+t 


ViCD 


(a) WAVEFORMS AT DRIVER 


| e 
state 1 0 pererane At any instant (t): 
_ Vstate 1(t) = Vs, (t) - Vepolt) 
-Vop — Von(rms) = Vop 


Vop — 
Vetate 2(t)=Vs_ 4 (t) - Vepolt) 
eae “Mi Voff(rms) =9 V 
-Vop — 


RESULTANT WAVEFORMS 
AT LCD SEGMENT 


( 


< 
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Fig. 4 Static drive mode waveforms: Von = Vpp — VLCD.- 
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When two backplanes are provided in the LCD the 1 : 2 multiplex drive mode applies. The PCF8566 
allows use of 1/2 or 1/3 bias in this mode as shown in Figs 5 and 6. 


+ ltame —> 


LCD segments 
‘D0 


BPO (Vpop+Vicp)/2 — 


Vicp ——————- a 


state 1 
VDD state 2 


\ 


BP1 (Vpp+Vicp)/2 — 


Vic = 
Vp 
Sn 
Vic.) --——-—- 
Vpp ——-—_—- 
Sn+1 ; | | | 
Vicp —————_- 


<q 
a 
x 
QO (a) WAVEFORMS AT DRIVER 
~ 
2 Yop a At any instant (t): 
= te Vstate 1(t) = Vs. (t) — Vepolt) 
1°) state 1 0 ———— 
18 Vop p=... 
> Nope Von(rms) = “4 10 = 0,791V op 
O Vv 
ven ee 
Nog) See Vstate 2(t) = Vs, (t) — Vepi(t) 
Vop/2 ——— Vop 
state 2 0 ———__—— +] Voff(rms) 4 V2= 0,354Vop 
—Vop/2 ————— 
—Vo | 7291477 
‘ (b) RESULTANT WAVEFORMS 


AT LCD SEGMENT 


Fig. 5 Waveforms for 1 : 2 multiplex drive mode with 1/2 bias: Von = Vpp — VLCD: 
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LCD drive mode waveforms (continued) | 
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Vop 
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2 4 7291466 
(b) RESULTANT WAVEFORMS 
AT LCD SEGMENT 


Fig. 6 Waveforms for 1 : 2 multiplex drive mode with 1/3 bias: Von = Vpp — VLCD.- 


The backplane and segment drive wavefront for the 1 : 3 multiplex drive mode (three LCD backplanes) 
and for the 1 : 4 multiplex drive mode (four LCD backplanes) are shown in Figs 7 and 8 respectively. 
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Voff(rms)= > = 0,333Vop 


Fig. 7 Waveforms for 1 : 3 multiplex drive mode: Vop = VoD —Vicp. 
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LCD drive mode waveforms (continued) 


Vpp 
ae a 


VD ia 2 
vane eae —— 
BPI Vpp —2 Vop/3 — 
ae 
Vp 
a —V, — 
ppg DD™ Nop /3— 


Saar 


Vp 
V aes 
pp3 | DD Nola 


VLCD 

Vpp —_—--__—— 
Vop-Vop/3 —— 
Vpp—2 Vop/3 — 
VLCD - 

Vpp —————— 
Vpp-Vop/3 —— 
VpD—2 Vop/3 — 
VLCD 

VpD F 
Vpp—Vop/3 —— 
Vop-2 Vop/3 — 
VLCD 

Vop = 
Vpp—Vop/3 —— 
Vpop-2 Vop/3 —— - 
VLCD 


; Térame -' LCD segments 


BPO 


Sn 


Sn+1 


Sn+2 


Sn+3 


(a) WAVEFORMS AT DRIVER 


At any instant (t): 


Vstate 1(t) = 
Vg, (t) — Vepolt) 


Von(rms) = 


V 
{V3 = 0,577Vop 


= LTLSIL OL osete 
state2 0 —————— | Ve (t)—V t 
we , S,(t) — Vepi(t) 


7Z91479 Voff(rms) = 


state 1 


Vo 
(b) RESULTANT WAVEFORMS Bi a =O ,333V9 
AT LCD SEGMENT P 


Fig. 8 Waveforms for 1 : 4 multiplex drive mode: Von = Vpp — VLCD.- 
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Oscillator 


The internal logic and the LCD drive signals of the PCF8566 or PCF8576 are timed either by the 
built-in oscillator or from an external clock. 


The clock frequency (fc, «) determines the LCD frame frequency and the maximum rate for data 
reception from the |*C bus. To allow !*C bus transmissions at their maximum data rate of 100 kHz, 
fcLK should be chosen to be above 125 kHz. 


A clock signal must always be supplied to the device; removing the clock may freeze the LCD in a d.c. 
state. 


Internal clock 


When the internal oscillator is used, OSC (pin 6) should be tied to Vss. In this case, the output from 
CLK (pin 4) provides the clock signal for cascaded PCF8566s and PCF8576s in the system. 


External clock 


The condition for external clock is made by tying OSC (pin 6) to Vpp; CLK (pin 4) then becomes the 
external clock input. 


Timing 

The timing of the PCF8566 organizes the internal data flow of the device. This includes the transfer of 
display data from the display RAM to the display segment outputs. In cascaded applications, the 
synchronization signal SYNC maintains the correct timing relationship between the PCF8566s in the 
system. The timing also generates the LCD frame frequency which it derives as an integer multiple of 
the clock frequency (Table 3). The frame frequency is set by MODE SET commands when internal 
clock is used, or by the frequency applied to pin 4 when external clock is used. 


Table 3 LCD frame frequencies 


DEVELOPMENT DATA 


normal mode fcoLK/2880 
power-saving mode fcLK/480 


The ratio between the clock frequency and the LCD frame frequency depends on the mode in wnich 
the device is operating. In the power-saving mode the reduction ratio is six times smaller; this allows 
the clock frequency to be reduced by a factor of six. The reduced clock frequency results in a signifi- 
cant reduction in power dissipation. The lower clock frequency has the disadvantage of increasing the 
response time when large amounts of display data are transmitted on the |?C bus. When a device is 
unable to ‘digest’ a display data byte before the next one arrives, it holds the SCL line low until the 
first display data byte is stored. This slows down the transmission rate of the |*C bus but no data loss 
occurs. 
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Display latch 


The display latch holds the display data while the corresponding multiplex signals are generated. There 
is a one-to-one relationship between the data in the display latch, the LCD segment outputs and one 
column of the display RAM. 


Shift register | 


The shift register serves to transfer display information from the display RAM to the display latch while 
previous data are displayed. 


Segment outputs 


The LCD drive section includes 24 segment outputs SO to $23 (pins 17 to 40) which should be connected 
directly to the LCD. The segment output signals are generated in accordance with the multiplexed back- 
plane signals and with the data resident in the display latch. When less than 24 segment outputs are 
required the unused segment outputs should be left open. 


Backplane outputs 


The LCD drive section includes four backplane outputs BPO to BP3 which should be connected directly 
to the LCD. The backplane output signals are generated in accordance with the selected LCD drive mode. 
If less than four backplane outputs are required the unused outputs can be left open. In the 1 : 3 multi- 
plex drive mode BP3 carries the same signal as BP1, therefore these two adjacent outputs can be tied 
together to give enhanced drive capabilities. In the 1: 2 multiplex drive mode BPO and BP2, BP1 and 
BP3 respectively carry the same signals and may also be paired to increase the drive capabilities. In the 
static drive mode the same signal is carried by all four backplane outputs and they can be connected in 
parallel for very high drive requirements. 


Display RAM 


The display RAM is a static 24 x 4-bit RAM which stores LCD data. A logic 1 in the RAM bit-map 
indicates the ‘on’ state of the corresponding LCD segment; similarly, a logic O indicates the ‘off’ state. 
There is a one-to-one correspondence between the RAM addresses and the segment outputs, and between 
the individual bits of a RAM word and the backplane outputs. The first RAM column corresponds to the 
24 segments operated with respect to backplane BPO (Fig. 9). In multiplexed LCD applications the 
segment data of the second, third and fourth column of the display RAM are time-multiplexed with 

BP1, BP2 and BPS respectively. 


display RAM addresses (rows) / segment outputs (S) 


0 1 2 3 4 ee ots 19 20 21 22 23 
display RAM bits 0 
(columns) / ag eee 
backplane outputs L secealet Racca! 
(BP) 2 
3 
7297488 


Fig.9 Display RAM bit-map showing direct relationship between display RAM addresses and segment 
outputs, and between bits in a RAM word and backplane outputs. 
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When display data are transmitted to the PCF 8566 the display bytes received are stored in the display 
RAM according to the selected LCD drive mode. To illustrate the filling order, an example of a 7-seg- 
ment numeric display showing all drive modes is given in Fig. 10; the RAM filling organization depicted 
applies equally to other LCD types. 


With reference to Fig. 10, in the static drive mode the eight transmitted data bits are placed in bit O of 
eight successive display RAM addresses. In the 1 : 2 multiplex drive mode the eight transmitted data 

bits are placed in bits O and 1 of four successive display RAM addresses. In the 1 : 3 multiplex drive 
mode these bits are placed in bits 0, 1 and 2 of three successive addresses, with bit 2 of the third address 
left unchanged. This last bit may, if necessary, be controlled by an additional transfer to this address but 
care should be taken to avoid overriding adjacent data because full bytes are always transmitted. In the 
1: 4 multiplex drive mode the eight transmitted data bits are placed in bits 0, 1, 2 and 3 of two suc- 
cessive display RAM addresses. 


Data pointer 


The addressing mechanism for the display RAM is realized using the data pointer. This allows the loading 
of an individual display data byte, or a series of display data bytes, into any location of the display 

RAM. The sequence commences with the initialization of the data pointer by the LOAD DATA POINTER 
command. Following this, an arriving data byte is stored starting at the display RAM address indicated 

by the data pointer thereby observing the filling order shown in Fig. 10. The data pointer is automati- 
cally incremented according to the LCD configuration chosen. That is, after each byte is stored, the 
contents of the data pointer are incremented by eight (static drive mode), by four (1 : 2 multiplex 

drive mode), by three (1 : 3 multiplex drive mode) or by two (1 : 4 multiplex drive mode). 


Subaddress counter 


The storage of display data is conditioned by the contents of the subaddress counter. Storage is allowed 
to take place only when the contents of the subaddress counter agree with the hardware subaddress 
applied to AO, Al and A2 (pins 7, 8, and 9). AO, Al and A2 should be tied to Vss or Vpp. The 
subaddress counter value is defined by the DEVICE SELECT command. If the contents of the sub- 
address counter and the hardware subaddress do not agree then data storage is inhibited but the data 
pointer is incremented as if data storage had taken place. The subaddress counter is also incremented 
when the data pointer overflows. | . 

The storage arrangements described lead to extremely efficient data loading in cascaded applications. 
When a series of display bytes are being sent to the display RAM, automatic wrap-over to the next 
PCF8566 occurs when the last RAM address is exceeded. Subaddressing across device boundaries is 
successful even if the change to the next device in the cascade occurs within a transmitted character. | 
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Fig. 10 Relationships between LCD layout, drive mode, display RAM filling order | 7291469 
and display data transmitted over the IC bus (x = data bit unchanged). 
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_ Output bank selector 


This selects one of the four bits per display RAM address for transfer to the display latch. The actual 
bit chosen depends on the particular LCD drive mode in operation and on the instant in the multiplex 
sequence. In 1 : 4 multiplex, all RAM addresses of bit O are the first to be selected, these are followed 
by the contents of bit 1, bit 2 and then bit 3. Similarly in 1 : 3 multiplex, bits 0, 1 and 2 are selected 
sequentially. In 1 : 2 multiplex, bits O then 1 are selected and, in the static mode, bit O is selected. 


The PCF 8566 includes a RAM bank switching feature in the static and 1 : 2 multiplex drive modes. In 
the static drive mode, the BANK SELECT command may request the contents of bit 2 to be selected 
for display instead of bit 0 contents. In the 1 : 2 drive mode, the contents of bits 2 and 3 may be 
selected instead of bits 0 and 1. This gives the provision for preparing display information in an 
alternative bank and to be able to switch to it once it is assembled. 


Input bank selector 


The input bank selector loads display data into the display RAM according to the selected LCD drive 
configuration. Display data can be loaded in bit 2 in static drive mode or in bits 2 and 3 in 1 : 2 drive 
mode by using the BANK SELECT command. The input bank selector functions independently of the 
output bank selector. 


Blinker 

The display blinking capabilities of the PCF 8566 are very versatile. The whole display can be blinked 
at frequencies selected by the BLINK command. The blinking frequencies are integer multiples of the 
clock frequency; the ratios between the clock and blinking frequencies depend on the mode in which 
the device is operating, as shown in Table 4. 


An additional feature is for an arbitrary selection of LCD segments to be blinked. This applies to the 
static and 1 : 2 LCD drive modes and can be implemented without any communication overheads. By 
means of the output bank selector, the displayed RAM banks are exchanged with alternate RAM banks 
at the blinking frequency. This mode can also be specified by the BLINK command. 


In the 1:3 and 1 : 4 multiplex modes, where no alternate RAM bank is available, groups of LCD 
segments can be blinked by selectively changing the display RAM data at fixed time intervals. 


If the entire display is to be blinked at a frequency other than the nominal blinking frequency, this can 
be effectively performed by resetting and setting the display enable bit E at the required rate using the 
MODE SET command. 


DEVELOPMENT DATA 


Table 4 Blinking frequencies 


blinking mode normal operating power-saving nominal blinking frequency 
mode ratio mode ratio fblink (Hz) 


— _ blinking off 


fcLK/92160 foLK/15360 | 2 
foLK/184320 fcL«K/30720 1 
fo_ K/368640 fcoLK/61440 0,5 
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CHARACTERISTICS OF THE I?C BUS 


The I?C bus is for 2-way, 2-line communication between different ICs or modules. The two lines are 

a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply 
via a pull-up resistor when connected to the output stages of a device. Data transfer may be initiated 
only when the bus is not busy. 


Bit transfer 


One data bit is transferred during each clock pulse. The data on the SDA line must remain stable 
during the HIGH period of the clock pulse as changes in the data line at this time will be interpreted 
as control signals. 


Fa? <a 


| : 

| data line | change 

| stable: | of data 

| data valid | allowed 7287019 


Fig. 11 Bit transfer. 


Start and stop conditions 


Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to-LOW transition of the 
data line while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH is defined as the stop condition (P). 


start condition stop condition 7287005 


Fig. 12 Definition of start and stop conditions. 
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System configuration 


A device generating a message is a ‘‘transmitter’’, a device receiving a message is a ‘‘receiver’’. The 
device that controls the message is the ‘‘master’’ and the devices which are controlled by the master 
are the “’slaves’’. 


SDA 
SCL 


MASTER MASTER 
TRANSMITTER/ TRANSMITTER/ TRANSMITTER/ 
RECEIVER RECEIVER RECEIVER 


7287004 


Fig. 13 System configuration. 


Acknowledge 


The number of data bytes transferred between the start and stop conditions from transmitter to 
receiver is not limited. Each byte is followed by one acknowledge bit. The acknowledge bit is a HIGH 
level put on the bus by the transmitter whereas the master generates an extra acknowledge related 
clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception of 
each byte. Also a master must generate an acknowledge after the reception of each byte that has been 
clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line during 
the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of the 
acknowledge related clock pulse, set up and hold times must be taken into account. A master receiver 
must signal an end of data to the transmitter by not generating an acknowledge on the last byte that 
has been clocked out of the slave. In this event the transmitter must leave the data line HIGH to enable 
the master to generate a stop condition. : 


clock pulse for 


start 
acknowledgement 


condition 


SCL FROM | 
MASTER ! l 7 _ uf 8S Oe 
DATA OUTPUT | 
BY TRANSMITTER | ee 


DATA OUTPUT 
BY RECEIVER 


7Z87007 


Fig. 14 Acknowledgement on the I?C bus. 
Note 


The general characteristics and detailed specification of the I?C bus are described in a separate data 
sheet (serial data buses) in handbook: ICs for digital systems in radio, audio and video equipment. 
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PCF8566 |*C bus controller 


The PCF8566 acts as an |?C slave receiver. It does not initiate |2C bus transfers or transmit data to an 
|?C master receiver. The only data output from the PCF8566 are the acknowledge signals of the selec- 
ted devices. Device selection depends on the |?C bus slave address, on the tansieried command data 
and on the hardware subaddress. 


In single device applications, the hardware subaddress inputs AO, A1 and A2 are normally left open 
or tied to Vss which defines the hardware subaddress 0. In multiple device applications AO, A1 and 
A2 are tied to Vss or Vpp according to a binary coding scheme such that no two devices with a 
common |?C slave address have the same hardware subaddress. 


In the power-saving mode it is possible that the PCF 8566 is not able to keep up with the highest trans- 
mission rates when large amounts of display data are transmitted. If this situation occurs, the PCF 8566 
forces the SCL line LOW until its internal operations are completed. This is known as the ‘clock 
synchronization feature’ of the |?C bus and serves to slow down fast transmitters. Data loss does not 
occur. | 


Input filters 


To enhance noise immunity in electrically adverse environments, RC low-pass filters are provided on 
the SDA and SCL lines. 


I?C bus protocol 


Two I?C bus slave addresses (0111110 and 0111111) are reserved for PCF8566. The least-significant 
bit of the slave address that a PCF 8566 will respond to is defined by the level tied at its input SAO 
(pin 10). Therefore, two types of PCF 8566 can be distinguished on the same I?C bus which allows: 


(a) up to 16 PCF 8566s on the same I?C bus for very large LCD applications; 
(b) the use of two types of LCD multiplex on the same I?C bus. 


The IC bus protocol is shown in Fig. 15. The sequence is initiated with a start condition (S) from the 
I?C bus master which is followed by one of the two PCF8566 slave addresses available. All PCF8566s 
with the corresponding SAO level acknowledge in parallel the slave address but all PCF 8566s with the 
alternative SAO level ignore the whole I*C bus transfer. After acknowledgement, one or more command 
bytes (m) follow which define the status of the addressed PCF 8566s. The last command byte is tagged 
with a cleared most-significant bit, the continuation bit C. The command bytes are also acknowledged 
by all addressed PCF 8566s on the bus. 


After the last command byte, a series of display data bytes (n) may follow. These display data bytes 
are stored in the display RAM at the address specified by the data pointer and the subaddress counter. 
Both data pointer and subaddress counter are automatically updated and the data are directed to the 
intended PCF 8566 device. The acknowledgement after each byte is made only by the (AO, A1, A2) 
addressed PCF 8566. After the last display byte, the I@C bus master issues a stop condition (P). 
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a acknowledge by 
R/W (AO, A1, A2)—selected 


reese address : acknowledge by all PCF 8566 only 


{ addressed PCF 8566s , 


sng erg eon 


1 byte m 2 1 bytes n= 0 bytes 
update data pointer 


and, if necessary 
7489 : ; 
729 subaddress counter 


Fig. 15 1*C bus protocol. 


Command decoder 


The command decoder identifies command bytes that arrive on the I?C bus. All available commands 
carry a continuation bit C in their most-significant bit position (Fig. 16). When this bit is set, it indicates 
that the next byte of the transfer to arrive will also represent a command. If the bit is reset, it indicates 


< the last command byte of the transfer. Further bytes will be regarded as display data. 
<x 
Q 
- 
a 
Lu 
S 0 = last command 
a. 1 = commands continue 
= ' 
_ 
uu 
a 
Q 
msb Isb 
7291471 


Fig. 16 General format of command byte. 


The five commands available to the PCF 8566 are defined in Table 5. 


June 1986 439 


440 


- PCF8566 


Command decoder (continued) | 
Table 5 Definition of PCF 8566 commands 


Defines LCD drive mode 


command/opcode 


LCD drive mode bits M1 MO 


MODE SET | 


[o]1 of LP} e] 8] m1} mo. 


static (1 BP) 
1: 2 MUX (2 BP) 
1: 3 MUX (3 BP) 
1: 4MUX (4 BP) 


Defines LCD bias configuration 


LCD bias 


1/3 bias 
1/2 bias 


Defines display status 

The possibility to disable the 
display allows implementation 
of blinking under external 
control 


display status 


disabled (blank) 
enabled 


Defines power dissipation mode 


normal mode | 
power-saving mode. 


Five bits of immediate data, 
bits P4 to PO, are transferred 
to the data pointer to define 
one of twenty-four display RAM 
addresses 


~ LOAD DATA POINTER 


| [clo] o [ra es p2 Pi Po 
DEVICE SELECT 


[cli 1 0 ofaz at ao 


bits P4 P3 P2 P1 PO 


| 5-bit binary value of 0 to 23 


Three bits of immediate data, 
bits AO to A2, are transferred 
to the subaddress counter to 
define one of eight hardware 
subaddresses 


bits a AO Al A2 


3-bit binary value of 0 to 7 
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BANK SELECT 


1: 2MUX 


cli 111 ofio 7 | 
RAM bit 0 | RAM bits 0, 1 
RAM bit 2 | RAM bits 2, 3 
1: 2MUX 


RAM bit 0 | RAM bits O, 1 
RAM bit 2 | RAM bits 2, 3 


BLINK 


blink frequency | bits BF1 


[elit 1 olalert oro 


blink mode 


normal blinking 
alternation blinking 


Display controller 


Defines input bank selection | 
(storage of arriving display data) 


Defines output bank selection 
(retrieval of LCD display data) 


The BANK SELECT command has 
no effect in 1:3 and 1: 4 multi- 
plex drive modes 


Defines the blinking frequency 


Selects the blinking mode; 
normal operation with frequency 
set by bits BF 1, BFO, or 

blinking by alternation of 
display RAM banks. Alternation 
blinking does not apply in 1:3 
and 1 : 4 multiplex drive modes 


The display controller executes the commands identified by the command decoder. It contains the 
status registers of the PCF8566 and coordinates their effects. The controller is also responsible for loading 


display data into the display RAM as required by the filling order. 
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Cascaded operation 


In large display configurations, up to 16 PCF8566s can be distinguished on the same IC bus by using 
the 3-bit hardware subaddress (AO, A1, A2) and the programmable I2C slave address (SAQ). It is also 
possible to cascade up to 16 PCF 8566s. When cascaded, several PCF 8566s are synchronized so that they 
can share the backplane signals from one of the devices in the cascade. Such an arrangement is cost- 
effective in large LCD applications since the backplane outputs of only one device need to be through- 
plated to the backplane electrodes of the display. The other PCF8566s of the cascade contribute 
additional segment outputs but their backplane outputs are left open (Fig. 17). 


The SYNC line is provided to maintain the correct synchronization between all cascaded PCF8566s. 
This synchronization is guaranteed after the power-on reset. The only time that SYNC is likely to be 
needed is if synchronization is accidently lost (e.g. by noise in adverse electrical environments; or by 
the definition of a multiplex mode when PCF8566s with differing SAO levels are cascaded). SYNC is 
organized as an input/output pin; the output section being realized as an open-drain driver with an 
internal pull-up resistor. A PCF8566 asserts the SYNC line at the onset of its last active backplane 
signal and monitors the SYNC line at all other times. Should synchronization in the cascade be lost, it 
will be restored by the first PCF 8566 to assert SYNC. The timing relationships between the backplane 
waveforms and the SYNC signal for the various-drive modes of the PCF8576 are shown in Fig. 18. 
The waveforms are identical with the parent device PCF8576. Casadability between PCF8566s and 
PCF8576s is possible, giving cost effective LCD applications. 


LCD PANEL 
(up to 1536 
VLcD elements) 
5 
1 


24 segment drives 


17-40 


PCF 8566 


BPO — BP3 (open) 


HOST 
MICRO— 
PROCESSOR / 
MICRO— 
CONTROLLER 


24 segment drives 


4 backplanes 


os BPO to BP3 
I" _ 


17-40 


PCF 8566 


Fig. 17 Cascaded PCF8566 configuration. 
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1 


ftrame 


BPO | | | 


en Tframe fe | 


SYNC | | | | 


(a) STATIC DRIVE MODE 


BP1 
(% bias) 

BP1 | 
(1/3 bias) 


SYNC | | | | 


(b) 1:2 MULTIPLEX DRIVE MODE 


. ee 
SYNC | | | | 


(c) 1:3 MULTIPLEX DRIVE MODE 


SYNC | | | | 
(d) 1:4 MULTIPLEX DRIVE MODE 


7291481 


DEVELOPMENT DATA 


Fig. 18 Synchronization of the cascade for the various PCF8566 drive modes. 


For single plane wiring of PCF 8566s, see section "APPLICATION INFORMATION”. 
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RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage range; see note Vpp 

LCD supply voltage range VicD 


Input voltage range (SCL; SDA; 
AO to A2; OSC; CLK; SYNC; SAO) V| 


Output voltage range (SO to $23; 


BPO to BP3) Vo 
D.C. input current +1 
D.C. output current tlo 
Vpp. Vss or ViCp current + Ipp, + Iss, + ILep 
Power dissipation per package Prot 
Power dissipation per output Po 
Storage temperature range 7 T stg 
Note 


—0,5to+7 

Vpp —/7 to Vpp 

Vss ~0,5 to Vpp + 0,5 
Vicp--0,5 to Vpp + 0,5 
max. 20 
max. 25 
max. 50 
max. | 400 
max. 100 


—6§5 to + 150 


Inputs and outputs are protected against electrostatic discharges in normal handling. However, to be 
totally safe, it is advised to take handling Precaurions appropriate to handling MOS devices (see 


‘Handling MOS devices’ ). 


D.C. CHARACTERISTICS 
Vss =0V; Vpp = 3 to6 V; VLcD = Vpp —3 to Vpp —6 V; 
Tamb = —40 to +85 °C; unless otherwise specified 


Operating supply voltage 


LCD supply voltage 


Operating supply current 
(normal mode) at fc,_K 
= 200 kHz (note 1) 

Power-saving mode supply current 
at Vpp = 3,5 V; VLcp = OV; 
fcLkK = 35 kHz; AO, Al and A2 
tied to Vss (note 1) 
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[paneer ——S*d mbt [min ve mee] 


Logic 

Input voltage LOW 

Input voltage HIGH 

Output voltage LOW at io =O mA 
Output voltage HIGH at |p =O mA 


Output current LOW (CLK, SYNC) 
at VoL =1,0V;Vpp=5V 


Output current HIGH (CLK) 
at VoH =4,0V; Vpp =5 V 


Output current LOW (SDA; SCL) 
at VoL =0,4V; Vpp =5V 


Leakage current (SAO, CLK, OSC, AO, 
A1, A2,SCL, SDA) at Vj} =Vss 
or Vpp 


Pull-up resistor (SYNC) 
Power-on reset level (note 2) 
Tolerable spike width on bus 
Input capacitance (note 3) 


LCD outputs 


D.C. voltage component (BPO to BP3) 
at Cap = 35 nF 
D.C. voltage component (SO to $23) 
at Cs = 5 nF 
Output impedance (BPO to BP3) 
at VLCD = Vpbp —5 V (note 4) 
Output impedance (SO to $23) 
at VLCD = Vpp —5 V (note 4) 


DEVELOPMENT DATA 
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A.C. CHARACTERISTICS (note 5) 
Vss=0V; Vpp = 3 to 6 V; VLCp = Vpp —3 to Vpp —6 V; 
Tamb = —40 to +85 °C; unless otherwise specified 


parameter symbol min. 


Oscillator frequency (normal mode) 
(note 6) FCLK 


Oscillator frequency (power-saving 


mode) at Vpp = 3,5 V 
‘CLK HIGH time 
CLK LOW time 
SYNC propagation delay 
SYNC LOW time 


Driver delays with test loads 
atVicD=Vpp-5V _ 


I?C bus 

Bus free time 

Start condition hold time 
SCL LOW time 

SCL HIGH time 


Start condition set-up time 
(repeated start code only) 


Data hold time 
Data set-up time 
| Rise time | 
Fall time 
Stop condition set-up time 


Notes to characteristics — 


fOLKLP 
tCLKH 
tCLKL 
tPSYNC 
tSYNCL 


tPLCD 


tBUF 
tHD; STA 
tLOW 
THIGH 


tSU; STA 

tHD; DAT 
tSU; DAT 

tR 

tF 

tsu; STO | 4,7 


Outputs open; inputs at Vss or Vpp; external clock with 50% duty factor; |?C bus inactive. 


Resets all logic when Vpp < VRre_EF. 
Periodically sampled, not 100% tested. 
Outputs measured one at a time. 


All timing values referred to Vj} and Vj__ levels with an input voltage swing of Vss to Vpp. 


Ooh wWN = 


At fcoLK < 125 kHz, 1?C bus maximum transmission speed is derated. 
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fie. Sako SHA,ScL. eRe sy 
(pi (_}— °° Yop (pins 1, 2) ad 
pin 4) (2%) pins t, (2%) 
SYNG 6,8 kQ Vop 
(pin3) (2%) 
BPO to BP3 SO to $23 
ins 13 to 16 (pins 17 to 40 Z 
(pins 13 to 16) > Nad * 25 HA pin ) —> lioag © 15 uA 
7297490 
Fig. 19 Test loads. 
< 
< 
AS iS 
= fcLK 
E +@§£_— to.KqH——| ~<«——_ 'CLKL ———_»> 
= 
0,7 V 
a CLK at 
4 0,3 Vpp 
Lud 
> 
Lu 
Q 
0,7 Vop 
YN 
SYNC 0,3 Vpp 
tPSYNC 
——p <_— 
=«———_ tsYNCL ——_> 
0,5V 
BPO to BP3 t 
SO to $23 (Vpp =5V) 
0,5V 
<— IpiLcD => t 7297491 


Fig. 20 Driver timing waveforms. 


June 1986 447 


PCF8566__ 


‘BUF —> 
SCL 
— >| tHp:sta I<— — —! tHigH 
t, —P> <_——— —> <——— 
tHD:DAT tsu;DAT 
SDA 
—p —P_ <_——— 
7Z87013.2 tsu;STA . tsu;STO 


Fig. 21 12C bus timing waveforms. 
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7280829 


SRR 
PT Tt dnorma YY | | | 
Sees 4a See 
7 es aa 
ie eee el dl sede) 
ee ete ee ae 
ea 


ee. power-saving 
mode 


30 


fframe (Hz) 
(a) Vop =5V; Vico =0OV; Tamb = 25 °C. 


normal mode 
foLK = 200 kHz 


ial Ze 
ates aes 
tt AG Hoe 


0 5 Vop (V) 10 


(c) Vi cp = 0 V; external clock; 
Tamb = —40 to + 85 °C. 


7Z80830 


fframe (Hz) 
(b) Vpp = 5 Vi Vicp = 0 V: Tamb = 25 °C. 


pt tL TT fesec/ 
SRR ERP Aer 
BERRA 
i eel 7g 
BSR ARSE eee 
SEP eae 
ae ae eee 
2 2eee 


0 5 Vpp (V) 10 


10 


(d) Vicp = 0 V; external clock; 
foLK = nominal frequency. 


Fig. 22 Typical supply current characteristics. 


oO 
oo 
Ww 
Ww 


maximum impedance (k2) 


@ 
Uv 


I: 
PY 03 


TU FT 
UL AT 

UU ZL LTT 
TAL TT 
ETT 
AL | TTT 
le 


(a) Vicp = 9 V: Tamb = 25 °C. 


maximum impedance (k0) 
Ph Lae) 

So on 

ae 


-40 | 120 
Tamb (°C) 
(b) Vpp =5 V: Viep =OV. 


Fig.23 Typical characteristics of LCD outputs. 
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= 
Cc 
a } 
@ 
— 
co 
oO 
o 
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wW 
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=] [8] (3) is) 1s) (3) Ls) te) Ly te) ey ts) fe) is} le) ts) ts [sy le) 18 


BPO 
PCF 8566 PCF 8566 


BP2 


open 


— _—s 
3] fet fe) [S) fe] fel fs) fel fs) fe] fe) fed fed ed pel ted fed fed ds] | 


ie] 

m°) 

WwW 
BEGEDEREGEEEEEES 


_ BACKPLANES SEGMENTS 7297487 


Fig. 24 Single plane wiring of packaged PCF8566s. 
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256 x 8-BIT STATIC RAM 


GENERAL DESCRIPTION 


The PCF8570 is a low power 2048-bit static CMOS RAM organized as 256 words by 8-bits. Addresses 
and data are transferred serially via a two-line bidirectional bus (12C). The built-in word address register 
is incremented automatically after each written or read data byte. Three address pins AO, A1, A2 are 
used for programming the hardware address, allowing the use of up to eight devices connected to the 
bus without additional hardware. 


Features 
@ Operating supply voltage 2,5V to6V ® Serial input/output bus (12C) 
@ Low data retention voltage min. 1,0 V @ Address by 3 hardware address pins 
@ Low standby current max. 15 uA @ Automatic word address incrementing 
@ Power saving mode typ. 50 nA @ 8-lead DIL package 
Applications 
@ Telephony RAM expansion for stored numbers in repertory dialling 
(e.g. PCD3343 applications) 
@ Radio and television channel presets 
@ Video cassette recorder 
@ General purpose RAM expansion for the microcontroller families MAB8400 
and PCF84C00 
PCF8570 eee 
ADDRESS now MEMORY 
REGISTER eeece CELL 
1 ARRAY 
AO 
Al 
A2 


SCL 2 
INPUT I2¢ COLUMN 
SDA Eel FILTER Bee BUS CONTROL SELECT SE ETIREEAER 
SHIFT _ 
R/W 
REGISTER enTROk 
Vop 


TEST 


7Z90775.1_ 


Fig. 1 Block diagram. 


PACKAGE OUTLINES 


PCF8570P: 8-lead DIL; plastic (SOT-97AE). | 
PCF8570T: 8-lead mini-pack plastic (SO-8L; SOT-176). 
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PINNING 
1to3 AO to A2 address inputs 
4 Vss negative supply 
5 SDA serial data line | 12C bus 
6 SCL serial clock line | : 
7 TEST test input for test speed-up; must be connected to Vss when not in use 
_ (power saving mode, see Figs 14 and 15) 

8 Vpop | positive supply 

AO | 1) 

A1 [2 

 PCF8570 
A2 | 3 | 
Vgg | 4 | 
7287034.A 
Fig. 2 Pinning diagram. 

RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage range (pin 8) Vppb —0,8 to+8,0 V 
Voltage range on any input V| —0,8 to Vpp + 0,8 V 
D.C. input current (any input) +1y max. 10 mA 
D.C. output current (any output) +19 max. 10 mA 
Supply current (pin 4 or pin 8) tIpnp;lss max. 50 mA 
Power dissipation per package Prot max. 300 mW 
Power dissipation per output P max. 50 mW 
Storage temperature range T stg —65 to + 150 °C 
Operating ambient temperature range Tamb —40 to+ 85 °C 
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CHARACTERISTICS 
Vpp = 2,5 to 6 V; Vsg = 0 V; Tamb = —40 to + 85 OC unless otherwise specified 


Coane Yt [oe] oe 


Supply 
Supply voltage 


Supply current at 
V1 = Vss or Vpp 
operating at fscy = 100 kHz 
standby at fsc_ = 0 Hz 
standby at Tamb = —25 to + 70 °C 


Power-on reset voltage level* 


Inputs; input/output SDA 
Input voltage LOW** 
Input voltage HIGH ** 


Output current LOW 
at Voy = 0,4 V 

Output leakage current HIGH 
at Voy = Vpp 

Input leakage current 
at Vj = Vpp or Vss 


Clock frequency (Fig. 7) 


Input capacitance (SCL, SDA) 
at Vj} =Vss 
Tolerable spike width on bus 


LOW Vpp data retention 
Supply voltage for data retention 
Supply current at VpprR=1V 


Supply current at Vopr = 1 V: 
Tamb = —25 to + 70 °C 


Power saving mode (Figs 14 and 15) 


Supply current at Tampb = 25 °C; 
TEST =Vppr 


* The power-on reset circuit resets the 17C bus logic when Vpnp < Vpor. 


** If the input voltages are a diode voltage above or below the supply voltage Vpp or Vss an input 
current will flow; this current must not exceed + 0,5 mA. 
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CHARACTERISTICS OF THE °C BUS 


The I?C bus is for 2-way, 2-line communication between different ICs or modules. The two lines are 

a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply 
via a pull-up resistor when connected to the output stages of a device. Data transfer may be initiated 
only when the bus is not busy. 


Bit transfer 


One data bit is transferred during each clock pulse. The data on the SDA line must remain stable 
during the HIGH period of the clock pulse as changes in the data line at this time will be interpreted 


as control signals. 


| : 

| data line | change 

| stable: | of data 

| data valid | allowed 7287019 


Fig. 3 Bit transfer. 


Start and stop conditions 


Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to-LOW transition of the 
data line, while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH is defined as the stop condition (P). 


| anima | | r 

pete! | ae | ares 
SDA : \ | / \ | / SDA 
l Coe 

I | 

SCL | | \ / | SCL 
I S | P 


bee Li — 


i ition 
start condition stop conditio 7287005 


Fig. 4 Definition of start and stop conditions. 
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System configuration 


A device generating a message is a ‘transmitter’, a device receiving a message is the “‘receiver’’. The 
device that controls the message is the ‘‘master’’ and the devices which are controlled by the master 
are the “‘slaves’’. 


SDA 
SCL 


MASTER MASTER 
SLAVE MASTER 
TRANSMITTER / RECEIVER TRANSMITTER/ Posten TRANSMITTER / 
RECEIVER RECEIVER RECEIVER . 


7287004 


Fig. 5 System configuration. 


Acknowledge 


The number of data bytes transferred between the start and stop conditions from transmitter to 

receiver is not limited. Each byte of eight bits is followed by one acknowledge bit. The acknowledge 

bit is a HIGH level put on the bus by the transmitter whereas the master generates an extra acknowledge 
related clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception 
of each byte. Also a master must generate an acknowledge after the reception of each byte that has 
been clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line 
during the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of 

the acknowledge related clock pulse, set-up and hold times must be taken into account. A master 
receiver must signal an end of data to the transmitter by not generating an acknowledge on the last 

byte that has been clocked out of the slave. In this event the transmitter must leave the data line HIGH 
to enable the master to generate a stop condition. 


start clock pulse for 
condition acknowledgement 


SCL FROM | 
DATA OUTPUT as 
BY TRANSMITTER ; 
DATA OUTPUT v 
BY RECEIVER 


7287007 


Fig. 6 Acknowledgement on the 1?C bus. 
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Timing specifications 


Within the I*C bus specifications a high-speed mode apd a low-speed mode are defined. The device 
operates in both modes and the timing requirements are as follows: 


High-speed mode 
Masters generate a bus clock with a maximum frequency of 100 kHz. Detailed timing is shown in Fig. 7. 


a 


‘BUF 
SCL 
— I tHp;sta l<— | —>! thigh 
'HD;DAT 'sU;DAT 
SDA 
7Z87013.1 aaa a yen —— 
'SU;STA | tsu;STO 
Fig. 7 Timing of the high-speed mode. 
Where: | 
tBUF t 2 tLOWmin The minimum time the bus must be free before a new 
, transmission can start 

tHD; STA t= tHIGHmin > Start condition hold time 
tLOWmin 4,7 us Clock LOW period 
tHiGHmin 4 ps Clock HIGH period 
tSU: STA t2tLOWmin Start condition set-up time, only valid for repeated start code 
tHD; DAT t20us Data hold time 
tsU; DAT t 2 250 ns Data set-up time 
tr t<1 us Rise time of both the SDA and SCL line 
te t <300 ns Fall time of both the SDA and SCL line 
tsu: STO t >tLOWmin Stop condition set-up time 
Note 


All the timing values refer to Vj}4 and V1 ,_ levels with a voltage swing of Vsg to Vpp. 
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wae LAA AR UL. [XS 


START ADDRESS R/W- ACK DATA ACK START ADDRESS R/W ACK STOP 
CONDITION CONDITION 7287014 


Fig. 8 Complete data transfer in the high-speed mode. 


Where: 
Clock thowWmin 4,7 us 
tHIGHmin 4 us 
The dashed line is the acknowledgement of the receiver 
Mark-to-space ratio 1:1 (LOW-to-HIGH) 
Max. number of bytes unrestricted 
Premature termination of transfer allowed by generation of STOP condition 
Acknowledge clock bit must be provided by the master 


Low-speed mode 


Masters generate a bus clock with a maximum frequency of 2 kHz; a minimum LOW period of 105 ys 
and a minimum HIGH period of 365 us. The mark-to-space ratio is 1: 3 LOW-to-HIGH. Detailed 
timing is shown in Fig. 9. 


- y 


<= "BUF —> 


SCL 
— | tHp:sTA <— | j<————_——- tH GH —————| | tsu;DAT 
tr — |<— 
tHD:DAT 
SDA 
7287015.1 er SSUSTA Yer tsu:sTo 


Fig. 9 Timing of the low-speed mode. 
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Timing specifications (continued) 


Where: 

tBUF t > 105 us (t_ OWmin) 
tHD; STA t > 365 us (tHiGHmin) 
tLow 130 us + 25 us 

tHIGH 390 ys + 25 us : 
tSU: STA 130 us + 25 us * 

tHD; DAT t> Ous 

tSU; DAT t > 250 ns 

tr t< us 

te t< 300 ns 

tsu; STO 130 us + 25 us 

Note 


All the timing values refer to Vj}4 and Vj,_ levels with a voltage swing of Vgs to Vpp. For definitions 
see high-speed mode. 


a a ey eee Ee uw i L—J 
START START BYTE DUMMY REPEATED ADDRESS ACKNOWLEDGE STOP 
CONDITION ACKNOWLEDGE START CONDITION 

CONDITION 7Z87016 


Fig. 10 Complete data transfer in the low-speed mode. 


Where: 
Clock tL oWmin 130 us + 25 us 
tHiGHmin | 390 us + 25 us 
. Mark-to-space ratio 1:3 (LOW-to-HIGH) 
Start byte 0000 0001 
Max. number of bytes 6 
Premature termination of transfer not allowed 
Acknowledge clock bit must be provided by master 
Note 


The general characteristics and detailed specification of the |?C bus are described in a separate data 
sheet (serial data buses) in handbook ‘‘ICs for digital systems in radio, audio and video equipment”’. 


* Only valid for repeated start code. 
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Bus protocol 


Before any data is transmitted on the |7C bus, the device which should respond is addressed first. The 
addressing is always done with the first byte transmitted after the start procedure. The |*C bus 
configuration for different PCF8570 READ and WRITE cycles is shown in Fig. 11. 


acknowledge acknowledge acknowledge 
from slave from slave from slave 
| 


{ | 


BSH SLAVE ADDRESS 0 WORD ADDRESS DATA al Pp 


R/W L_____ n bytes 


auto increment 


7Z287031.1A 
memory word address 


Fig. 11(a) Master transmits to slave receiver (WRITE mode). 


acknowledge acknowledge acknowledge acknowledge 
from slave from slave from slave from master 


is, SLAVE ADDRESS 0 WORD ADDRESS jal Ss SLAVE ADDRESS 1 DATA Bae 


t at this moment master ft 
R/W transmitter becomes R/W n bytes ecatl 


master receiver and . 
; ement 

PCF 8570 slave receiver oda sie 

becomes slave transmitter s 


7Z90778 


no acknowledge 
from master 


2-H 
iI 


auto increment 
word address 


L___— last byte 


Fig. 11(b) Master reads after setting word address (WRITE word address; READ data). 


acknowledge acknowledge no acknowledge 
from slave from master from master 


' ; | 
S| pheno ae TT 


R/w “—n ee L_____. last byte soa 


auto increment auto increment 
7290777 word address word address 


Fig. 11(c) Master reads slave immediately after first byte (READ mode). 


December 1984 


459 


PCF8570 


APPLICATION INFORMATION 


_ The PCF8570 slave address has a fixed combination 1010 as group 1, while group 2 is fully 
programmable (see Fig. 12). 


= group 1 i group 2—> 7287030.1 


Fig. 12 PCF8570 address. 


Vop 
SDA MASTER 
; scl TRANSMITTER 
y SCL 
0 PCF8570 , 
, 1010° 
0 


TEST 


Vop up to 8 PCF8570 
without additional 
0 PCF8570° hardware 
vir, ‘1010° 
0 
y TEST _ 
! 
to Vop 
Vop 
Ven PCF8570 8 
‘1010’ R: pull-up resistor 
“DD TEST _ tise 
Cgus 
SDA SCL a 
(12.C bus) aa 


Fig. 13 PCF8570 application diagram. 


Note 
AO, Ai, and A2 inputs must be connected to Vpp or Vsg but not left open. 
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POWER SAVING MODE 


With the condition TEST = Vppr, the PCF8570 goes into the power’saving mode and the 
12C bus logic is reset. 


DO TRE ne Re Ae OSE ST power saving mode —_—________——-»; operating mode 


ees eee eee 
TEST DDR 


SCL 
SDA 
Vop 
IDD 
e}) / 
call a Se DS 
7290773 
Where: 
tsy 2 4 us Fig. 14 Timing for power saving mode. 
tup 2 4us 
+5V 
+| YDDR 
12V 
| (NiCd) 
fo ‘f 
7290776 


Fig. 15 Application example for power saving mode. 


Note to Fig. 15 


1. In the operating mode, TEST = 0. 
2. In the power saving mode, TEST = Vopr: 
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Purchase of Philips’ I2C components conveys a license under the 
Philips’ 1?C patent to use the components in the |?C-system 
provided the system conforms to the IC specification defined 
by Philips. 


462 December 1984 


GENERAL DESCRIPTION 


PCF8571 


128 x 8-BIT STATIC RAM 


The PCF8571 is a low power 1024-bit static CMOS RAM organized as 128 words by 8-bits. Addresses 
and data are transferred serially via a two-line bidirectional bus (1?C). The built-in word address register 
is incremented automatically after each written or read data byte. Three address pins AO, A1, A2 are 
used for programming the hardware address, allowing the use of up to eight devices connected to the 
bus without additional hardware. 


Features 


® Operating supply voltage 

@ Low data retention voltage 
@ Low standby current 

@ Power saving mode 


Applications 
@® Telephony 


@ Radio and television 


@ Video cassette recorder 
@® General purpose | 


PCF8571 
AO 


Al 
A2 


6 
ne a nes ie 
spA «+2 FILTER 


TEST 


PACKAGE OUTLINES 


PCF8571P : 8-lead DIL; plastic (SOT-97AE). 
| PCF8571T : 8-lead mini-pack (SO-8L; SOT-176). 


25Vto6V ® Serial input/output bus (17C) 

min. 1,0 V @ Address by 3 hardware address pins 
max. 5 pA @ Automatic word address incrementing 
typ. 50nA @ 8-lead DIL package 


RAM expansion for stored numbers in repertory dialling 
(e.g. PCD3340 applications) 
channel presets 


RAM expansion for the microcomputer families MAB8400 
and PCF84C00 


WORD 
enone cm vewony 
SELECT CELL 
ARRAY 


I2C COLUMN 


BUS CONTROL SELECT MULTIPLEXER 
R/W 
REGISTER ; ee 


7Z88371.2 


Fig. 1 Block diagram. 
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PINNING 
1to3 AO to A2 address inputs 
4 Vss negative supply 
5 SDA erial data line 
6 SCL serial clock line | "© DUS | 
7 TEST test input for test speed-up; must be connected to Vss when not in use 
(power saving mode, see Fig. 14 and 15) 

8 Vpp positive supply 

Ao | 1. 

A1 | 2| 

‘| PCF8571 
A2 
Vgs | 4_ 
7Z287034.1 
Fig. 2 Pinning diagram. 

RATINGS | 
Limiting values in accordance with the Absolute Maximum System (IEC 134) | 
Supply voltage range (pin 8) | Vpp —0,8to+8,0 V 
Voltage range on any input | Vi —0,8 to Vpp + 0,8 V 
D.C. input current (any input) | Ott max. 10 mA 
D.C. output current (any output) +lo max. | 10 mA 
Supply current (pin 4 or pin 8) tIpp:lss. max. 50 mA 
Power dissipation per package Prot max. 300 mW 
Power dissipation per output P max. 50 mW 
Storage temperature range T stg —65 to + 150 °C 
Operating temperature range Tamb —40 to + 85 OC 
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CHARACTERISTICS 


Vpp = 2,5 to 6 V; Vss = 0 V; Tamb = —40 to + 85 OC unless otherwise specified 


SUPPLY 
Supply voltage 


Supply current 
V1 = Vss or Vpp 
operating at fgcy = 100 kHz; 
standby at foc, = 0 Hz 
standby at Tampb = —25 to 70 °C 


Power-on reset voltage level 
at Vsc_ = VSDA = Vopb 


Inputs; input/output SDA 
Input voltage LOW** 
Input voltage HIGH** 
Output current LOW 

at Vo_ = 0,4 V 
Output leakage current HIGH 

at Vou = Vpp 
Input leakage current 

at Vj} = Vpp or Vss 


Clock frequency (Fig. 7) 

Input capacitance (SCL, SDA) 
at VV; =Vss 

Tolerable spike width on bus 


LOW Vpp data retention 
Supply voltage for data retention 


Supply current at VppR =1V 


Supply current at Vopr = 1 V; 


Power saving mode (Fig. 14) 


Supply current at Tamb = 25 °C; 
TEST = Vppr 


* The power-on reset circuit resets the I?C bus logic when Vpp < Vpor: 
** If the input voltages are a diode voltage above or below the supply voltage Vpp or Vsg an input 
current will flow: this current must not exceed + 0,5 mA. 
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CHARACTERISTICS OF THE I?C BUS 


The I?C bus is for 2-way, 2-line communication between different 1Cs or modules. The two lines are 

a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply 
via a pull-up resistor when connected to the output stages of a device. Data transfer may be initiated 
only when the bus is not busy. 


Bit transfer 


One data bit is transferred during each clock pulse. The data on the SDA line must remain stable 
during the HIGH period of the clock pulse as changes in the data line at this time will be interpreted 


as control signals. 


| ; 

| data line | change 
| stable: | of data 
| 


data valid | allowed 7287019 


_ Fig. 3 Bit transfer. 


Start and stop conditions 


Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to-LOW transition of the 
data line, while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH is defined as the stop condition (P). 


i a om 
| 

l | 

| | 


-~+—4 en | 

eet a _. 

SDA an / \ / | SDA 

| Bead | 

cae Sa oe | 

SCL | | | | SCL 
ee be 


nee es ee a) 


sae ondition 
start condition stop c 7287005 


Fig. 4 Definition of start and stop conditions. 
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System configuration 


A device generating a message is a ‘’transmitter’’, a device receiving a message is the ‘‘receiver’’. The 
device that. controls the message is the ‘‘master’’ and the devices which are controlled by the master 
are the ‘‘slaves’’. 


SDA 
SCL 


MASTER MASTER 
TRANSMITTER/ TRANSMITTER/ TRANSMITTER / 
RECEIVER RECEIVER RECEIVER 


7Z87004 


Fig. 5 System configuration. 


Acknowledge 


The number of data bytes transferred between the start and stop conditions from transmitter to 
receiver is not limited. Each byte of eight bits is followed by one acknowledge bit. The acknowledge 

bit isa HIGH level put on the bus by the transmitter whereas the master generates an extra acknowledge 
related clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception 
of each byte. Also a master must generate an acknowledge after the reception of each byte that has 
been clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line 
during the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of 

the acknowledge related clock pulse, set-up and hold times must be taken into account. A master 
receiver must signal an end of data to the transmitter by not generating an acknowledge on the last 

byte that has been clocked out of the slave. In this event the transmitter must leave the data line HIGH 
to enable the master to generate a stop condition. 


start clock pulse for 
condition acknowledgement 
| 


! } 
SCL FROM ~ 1 

| 

| 


DATA OUTPUT = 
BY TRANSMITTER | 


| 
S 


DATA OUTPUT a 
BY RECEIVER 


7287007 


Fig.6 Acknowledgement on the !?C bus. 
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Timing specifications 


Within the 1?C bus specifications a high-speed mode and a low-speed mode are defined. The PCF8571 
operates in both modes and the timing requirements are as follows: 


High-speed mode 


Masters generate a bus clock with a maximum frequency of 100 kHz. Detailed timing is shown in Fig. 7. 


fy 
—— taur— oo 

SCL 

— >! tHp;sTA l<— >! thigh 

“THD; ‘DAT 'SU;DAT 
SDA 
7Z87013.2 = tsu;-STA a tego 
Fig. 7 Timing of the high-speed mode. 

Where: 
tBUF t 2 tLoWmin The minimum time the bus must be free before a new 

| transmission can start 
tHD: STA t > tyiGHmin Start condition hold time 
tLOWmin 4,7 us Clock LOW period 
tHiGHmin Aus Clock HIGH period 
tsu: STA te tLOWmin Start condition set-up time, only valid for repeated start code 

a \ 7 

tHD: DAT t20 us Data hold time 
tsuU: DAT t 2 250 ns Data set-up time 
ty t<1 us Rise time of both the SDA and SCL line 
tf t < 300 ns Fall time of both the SDA and SCL line 
tsu: STO t2tLOWmin Stop condition set-up time 
Note 


All the timing values refer to Vj}4 and Vj,_ levels with a voltage swing of Vss to Vpp. 
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SDA \ | \ { i\ X / i \ | / \ \ / 
Cae eee | paps er | — = New ae come come od 


Ma Lt 
START ADDRESS R/W- ACK DATA ACK START ADDRESS R/W- ACK STOP 


CONDITION CONDITION 7287014 


Fig. 8 Complete data transfer in the high-speed mode. 


Where: 
Clock t; OWmin 4,7 us 
tHiGHmin 4 ps 
The dashed line is the acknowledgement of the receiver 
Mark-to-space ratio 1:1 (LOW-to-HIGH) 
Max. number of bytes unrestricted 
Premature termination of transfer allowed by generation of STOP condition 
Acknowledge clock bit must be provided by the master 
Low-speed mode 


Masters generate a bus clock with a maximum frequency of 2 kHz; a minimum LOW period of 105 ps 
and a minimum HIGH period of 365 us. The mark-to-space ratio is 1: 3 LOW-to-HIGH. Detailed 
timing is shown in Fig. 9. 


son \ 


a> (BUR 


SCL 
— >| tup:sTA <— So THIGH OO oO tsu:DAT 
ty : _—— legge 
tHD:DAT 
SDA 
—~ tsu:sTaA *— : aac! soe 
7287015.2 SU;STO 


Fig. 9 Timing of the low-speed mode. 
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Timing specifications (continued) 


Where: 

tBUF t > 105 us (tLOWmin) 
tHD; STA t 2365 us (tHiGHmin) - 
tLOw 130 ps + 25 us 

tHIGH 390 us + 25 us 

tsu: STA 130 us + 25 us * 

tHD; DAT t> Ous 

tsU: DAT t > 250 ns 

ty t< us 

tf t< 300 ns 

tsu: STO 130 us + 25 us 

Note 


All the timing values refer to Vj and Vj,_ levels with a voltage swing of Vss to Vpp. For definitions 
see high-speed mode. 


[ eee | | SEE Se EC re || A | [ en | | EES rece ena Fe Se ee | | rs | 
START START BYTE DUMMY REPEATED ADDRESS ACKNOWLEDGE STOP 
CONDITION ACKNOWLEDGE START CONDITION 
CONDITION 7Z87016 
Fig. 10 Complete data transfer in the low-speed mode. 
Where: 
Clock th OWmin 130 ws + 25 us 
tuiGHmin 390 us + 25 us 
Mark-to-space ratio 1: 3 (LOW-to-HIGH) 
Start byte 0000 0001 
Max. number of bytes 6 
Premature termination of transfer not allowed 


Acknowledge clock bit 


Note 


must be provided by master 


The general characteristics and detailed specification of the |?C bus are described in a separate data 
sheet (serial data buses) in handbook ‘‘ICs for digital systems in radio, audio and video equipment’. 


* Only valid for repeated start code. 
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Bus protocol 

Before any data is transmitted on the I?C bus, the device which should respond is addressed first. The 
addressing is always done with the first byte transmitted after the start procedure. The I?C bus 
configuration for different PCF8571 READ and WRITE cycles is shown in Fig. 11. 


acknowledge acknowledge acknowledge 
from slave from slave from slave 


fea SLAVE ADDRESS 0 a x WORD ADDRESS DATA fal P| 


R/W L___§__ hy bytes 
auto increment 


7287031.1 
memory word address 


Fig. 11(a) Master transmits to slave receiver (WRITE mode). 


acknowledge acknowledge acknowledge acknowledge 
from slave from slave from slave from master 


S| SLAVE ADDRESS 0 X WORD ADDRESS fal S SLAVE ADDRESS 1 DATA A 


ia at this moment master t 
R/W transmitter becomes R/W n bytes 
master receiver and 


| PCD8571 slave receiver auto increment 
72870324 becomes slave transmitter word address 


no acknowledge 
from master 


oe DORON OLE 
t___._ last byte ames 


auto increment 
word address 


Fig. 11(b) Master reads after setting word address (WRITE word address; READ data). 


acknowledge acknowledge no acknowledge 
from slave from master from master 


sakes LD ee 


R/w ————n Wirth L______._ fast byte es | 


auto increment auto increment 
7Z87033.4 word address word address 


Fig. 11(c) Master reads slave immediately after first byte (READ mode). 


Note 
X = don’t care bit. 
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APPLICATION INFORMATION 


The PCF8571 slave address has a fixed combination 1010 as group 1, while group 2 is fully 
programmable (see Fig. 12). 


peas group 1 ———»}«——- group 2 ——»!_ 7287030.1 


Fig. 12 PCF8571 address. 


Vpp 


SDA 
Vpop MASTER 


SCL TRANSMITTER 


0 
: SCL 

0 PCF8571 y 
, '1010° 

0 


TEST 


V up to PCF8571 
DD SCL without additional 
0 PCF8571 hardware 
y ‘1010' 
0 
7 TEST 
| 
| to Vop 
Vop 
Vv PCF8571 R 
ss ‘1010' R: pull-up resistor 
VpD TEST - trise 
Cgus 
SDA SCL 
~(12C bus) 72Z87029.3 


Fig. 13 PCF8571 application diagram. 


Note 
AO, A1, and A2 inputs must be connected to Vpp or Vss but not left open. 
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POWER SAVING MODE 
With the condition TEST = Vppr, the PCF8571 goes into the power saving mode and I?C bus logic 


is reset. 
ee a ee power saving mode ———_—_____——»; operating mode 
TEST 
SCL 
SDA 
VpD 
lpp 
7Z290281.1 
Where: 
tsy 2 4 us 
tup 24 us Fig. 14 Timing for power saving mode. 
+5V 
VDDR 
1,2V 
| (NiCd) 
‘/; ‘f 
7Z90280.2 
Fig. 15 Application example for power saving mode. 
Note 


1. In the operating mode, TEST = 0. 
2. In the power saving mode, TEST = Vpprp. 
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Purchase of Philips’ I@C components conveys a license under the 

Philips’ I?C patent to use the components in the I?C-system 

provided the system conforms to the I?C specifications defined 
by Philips. 
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CLOCK/CALENDAR WITH SERIAL I/O 


GENERAL DESCRIPTION 


The PCF8573 is a low threshold, monolithic CMOS circuit that functions as a real time clock/calendar 
in the Inter IC (1?C) bus-oriented microcomputer systems. The device includes an addressable time 
counter and an addressable alarm register, both for minutes, hours, days and months. Three special 
control/status flags, COMP, POWF and NODA, are also available. Information is transferred serially via 
a two line bidirectional bus (1?C). Back-up for the clock during supply interruptions is provided by a 
1,2 V nickel cadmium battery. The time base is generated from a 32,768 kHz crystal-controlled 
oscillator. 


Features 


Serial input/output bus (1?C) interface for minutes, hours, days and months 
Additional pulse outputs for seconds and minutes 

Alarm register for presetting a time for alarm or remote switching functions 
Battery back-up for clock function during supply interruption 

Crystal oscillator control (32,768 kHz) 


QUICK REFERENCE DATA 


Supply voltage range (clock) Vpp-Vss1 1,1 to 6,0 V 
Supply voltage range (1?C interface) Vpp—-Vss2 2,5 to 6,0 V 
Crystal oscillator frequency fosc typ. 32,768 kHz 


PACKAGE OUTLINES 


PCF8573P: 16-lead DIL; plastic (SOT-38). 
PCF8573T: 16-lead mini-pack; plastic (SO-16L; SOT-162A). 
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FSET . MIN SEC Vpp 


SECONDS 


COUNTER 
: 1:60 if 


Osc! 1; 215 


32,768 kz 
OSCO 
PRESCALER 
C_} +3 | OSCILLATOR 


10 . 
+ 
1,5V 
POWER-ON 
RESET V 
Ls SS1 
Vi 
_ “SS2 


CT 
VppD 

Ja 

SDA TIME COUNTER EXTPF 

DAYS —> 

SCL MINUTES —> HouRS —» pate «— MONTHS 
PFIN 
COMP 

BUS 
CONTROL TEST 


LEVEL SHIFTER PCF8573 
7Z86691.1 
AO At 
Fig. 1 Block diagram. 
PINNING 
1 AO address input 
2 Al address input 
3 COMP comparator output 
4 SDA. serial data line | 2C bus 
5 SCL serial clock line 
6 EXTPF enable power fail flag input 
7 PFIN power fail flag input 
8 Vss2 negative supply 2 (I?C interface) 
9 MIN one pulse per minute output 
10 SEC one pulse per second output 
11 FSET oscillator tuning output 
12 TEST test input; must be connected 
| to Vsso when not in use 
13 OSCI oscillator input 
eeeeeR 14 OSCO oscillator input/output 

Fig. 2 Pinning diagram. 15 Vssi negative supply 1 (clock) 

16 Vpp common positive supply 
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FUNCTIONAL DESCRIPTION 
Oscillator 


The PCF8573 has an integrated crystal-controlled oscillator which provides the timebase for the 
prescaler. The frequency is determined by a single 32,768 kHz crystal connected between OSCI and 
OSCO. A trimmer is connected between OSCI and Vpp. 


Prescaler and time counter 


The prescaler provides a 128 Hz signal at the FSET output for fine adjustment of the crystal oscillator 
without loading it. The prescaler also generates a pulse once a second to advance the seconds counter. 
The carry of the prescaler and the seconds counter are available at the outputs SEC, MIN respectively, 
and are also readable via the !?C bus. The mark-to-space ratio of both signals is 1 : 1. The time counter 
is advanced one count by the falling edge of output signal MIN. A transition from HIGH to LOW of 
output signal SEC triggers MIN to change state. The time counter counts minutes, hours, days and 
months, and provides a full calendar function which needs to be corrected once every four years. Cycle 
_ lengths are shown in Table 1. 


Table 1 Cycle length of the time counter 


number counting carry for content of 
of bits cycle following ‘month 
unit counter 


minutes 00 to 59 59 — 00 
hours 00 to 23 23 —» 00 
days 01 to 28 28 —» 01 
or 29 —e01 
01 to 30 30 —+01 4,6, 9, 11 
01 to 31 31— 01 1, 3, 5, 7, 8, 10, 12 
months 01 to 12 12 —» 01 


2 (see note) 


Note: Day counter may be set to 29 by a write transmission with EXECUTE ADDRESS. 


Alarm register 


The alarm register is a 24-bit memory. It stores the time-point for the next setting of the status flag 
COMP. Details of writing and reading of the alarm register are included in the description of the 
characteristics of the I?C bus. 


Comparator 


The comparator compares the contents of the alarm register and the time counter, each with a length 
of 24 bits. When these contents are equal the flag COMP will be set 4 ms after the falling edge of MIN. 
This set condition occurs once at the beginning of each minute. This information is latched, but can be 
cleared by an instruction via the !?C bus. A clear instruction may be transmitted immediately after the 
flag is set and will be executed. Flag COMP information is also available at the output COMP. The 
comparison may be based upon hours and minutes only if the: internal flag NODA (no date) is set. 
Flag NODA can be set and cleared by separate instructions via the I?C bus, but it is undefined until 

me first set or clear instruction has been received. Both COMP and NODA flags are readable via the 
I*C bus. 
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FUNCTIONAL DESCRIPTION (continued) 
Power on/power fail detection 


If the voltage Vpp—Vss7 falls below a certain value the operation of the clock becomes undefined. 
Thus a warning signal is required to indicate that faultless operation of the clock is not guaranteed. 

This information is latched in a flag called POWF (Power Fail) and remains latched after restoration 

of the correct supply voltage until a write procedure with EXECUTE ADDRESS has been received. 

The flag POWF can be set by an internally generated power fail level-discriminator signal for application 
with (Vpp—Vss7) greater than V7}44, or by an externally generated power fail signal for application 
with (Vpp—Vss}) less than V7}44. The external signal must be applied to the input PFIN. The input 
stage operates with signals of any slow rise and fall times. Internally or externally controlled POWF 

can be selected by input EXTPF as shown in Table 2. 


Table 2 Power fail selection 


0 : connected to Vss1 (LOW) 
1 : connected to Vpp (HIGH) 


power fail is sensed internally 
test mode | 

power fail is sensed externally 
no power fail sensed 


The external power fail control operates by absence of the Vpp—VssoQ supply. Therefore the input 
levels applied to PFIN and EXTPF must be within the range of Vpp—Vss1. A LOW level at PFIN 
indicates a power fail. POWF is readable via the IC bus. A power on reset for the |?C bus control is 
generated on-chip when the supply voltage Vpp—Vssq is less than VT}. 


Interface level shifters 


The level shifters adjust the 5 V operating voltage (Vpp—Vssq@) of the microcontroller to the internal 
supply voltage (Vp p—Vss7) of the clock/calendar. The oscillator and counter are not influenced by 
the Vpp—Vssz2 supply voltage. If the voltage Vp p—Vssa is absent (Vgso = Vpp) the output signal 
of the level shifter is HIGH because Vpp is the common node of the Vpp—Vssa and the Vpp—Vss1 
supplies. Because the level shifters invert the input signal, the internal circuit behaves as if a LOW signal 
is present on the inputs. FSET, SEC, MIN and COMP are CMOS push-pull output stages. The driving 
capability of these outputs is lost when the supply voltage Vpp-—Vss2 = 0. _ 
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CHARACTERISTICS OF THE I’C BUS 


The |? bus is for 2-way, 2-line communication between different ICs or modules. The two lines are 

a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply 
via a pull-up resistor when connected to the output stages of a device. Data transfer may be initiated 
only when the bus is not busy. 


Bit transfer (see Fig. 3) 


One data bit is transferred during each clock pulse. The data on the SDA line must remain stable 
during the HIGH period of the clock pulse as changes in the data line at this time will be interpreted 
as control signals. 


| 

| data line | change 

| stable | of data 

| data valid | allowed 7287019 


Fig. 3 Bit transfer. 


Start and stop conditions (see Fig. 4) 


Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to-LOW transition of the 
data line, while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH is defined as the stop condition (P). 


ne | ee: | i ai 

SDA oe / \ i ae SDA 
| -— | 
| | | | 

SCL | | | | SCL 
| | | p | 

S 
| | | | 
| eee Cd 
start condition stop condition 


7287005 
Fig. 4 Definition of start and stop conditions. 


System configuration (see Fig. 5) 


A device generating a message is a ‘‘transmitter’’, a device receiving a message is the ‘‘receiver’’. The 
device that controls the message is the ‘‘master’’ and the devices which are controlled by the master 
are the “‘slaves”’. 


SDA 


~ ace agen ee Saas as Ne 


MASTER SLAVE ‘MASTER 
S MASTER 
TRANSMITTER/ ss TRANSMITTER / os TRANSMITTER/ 
RECEIVER RECEIVER RECEIVER 


7287004 


Fig. 5 System configuration. 
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CHARACTERISTICS OF THE PC bus (continued) 
Acknowledge (see Fig. 6) 


The number of data bytes transferred between the start and stop conditions from transmitter to 
receiver is not limited. Each byte of eight bits is followed by one acknowledge bit. The acknowledge 
bit isa HIGH level put on the bus by the transmitter whereas the master generates an extra acknowledge 
related clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception 
of each byte. Also a master must generate an acknowledge after the reception of each byte that has been 
clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line during 
the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of the 
acknowledge related clock pulse, set up and hold times must be taken into account. A master receiver 
must signal an end of data to the transmitter by not generating an acknowledge on the last byte that 
has been clocked out of the slave. In this event the transmitter must leave the data line HIGH to enable 
the master to generate a stop condition. (See Fig. 13 and Fig. 14.) 


start clock pulse for 
rencition acknowledgement 


! | 
SCL FROM 
MASTER ~ | 1 2 8 \ 9 
. | a 
DATA OUTPUT | 
BY TRANSMITTER 


DATA OUTPUT 
BY RECEIVER 


7287007 
Fig. 6 Acknowledgement on the I?C bus. 
Timing specifications 


Within the 12C bus specifications a high-speed mode and a low-speed mode are defined. The PCF8573 
Operates in both modes and the timing requirements are as follows: 


High-speed mode 


Masters generate a bus clock with a maximum frequency. of 100 kHz. Detailed timing is shown i in 
Fig. 7. 


” [ \ 
‘BUF — 
SCL 
— >! tup;sta l<— —~' tHiGH “— 
—_— <— —_ 
tHD:DAT tsu:DAT 
SDA 
7287013.1 : ae <—— —»> <— 
SU;STA tsu;STO 


Fig. 7 Timing of the high-speed mode. 
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Where: 


tBUF t2tLOWmin The minimum time the bus must be free before a new 
transmission can start 

tHD: STA t> tyiGHmin Start condition hold time 

tLOWmin 4,7 us ~ Clock LOW period 

tHiGHmin 4 ps Clock HIGH period 

tSU: STA t 2 tLOWmin _ Start condition set-up time, only valid for repeated start code 

tHD: DAT t2Ous Data hold time 

tsu; DAT t 2 250 ns Data set-up time 

tr t<1 ys Rise time of both the SDA and SCL line 

te t < 300 ns Fall time of both the SDA and SCL line 

tsu: STO t2t_LOWmin Stop condition set-up time 

Note 


All the values refer to Vip and Vj ,_ levels with a voltage swing of Vpp to Vss2. 


~ ‘= == OLE PS 


START ADDRESS R/W ACK DATA ACK START ADDRESS R/W ACK STOP 
CONDITION CONDITION 7287014 


Fig. 8 Complete data transfer in the high-speed mode. 


Where: 
Clock th OQWmin 4,7 us 
tHIGHmin 4 us 
The dashed line is the acknowledgement of the receiver 
Mark-to-space ratio — 1: 1 (LOW-to-HIGH) 
Max. number of bytes unrestricted 
Premature termination of transfer allowed by generation of STOP condition 
Acknowledge clock bit must be provided by the master 
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CHARACTERISTICS OF THE I’C BUS (continued) 


Low-speed mode 


Masters generate a bus clock with a maximum frequency of 2 kHz; a minimum LOW period of 105 us 
and a minimum HIGH period of 365 us. The mark-to-space ratio is 1 : 3 LOW-to-HIGH. Detailed 


timing is shown in Fig. 9. 


SDA 


—<— ‘pur > 


SCL 


—' typ:sTa ~<— 


SDA 


7Z87015.1 


> 


7 A—$$——_$§$——— THIGH ——_$—_____> ie tsu:DAT 
R —- + 
tHD:DAT 
tsu;sTa <— — saan 
SU;STO 


Fig. 9 Timing of the low-speed mode. 


Where: 


tBUF 
tHD; STA 
tLOW 
tHIGH 
tSU; STA 
tHD; DAT 
tSU; DAT 
tR 

tF 

tsU; STO 


Note 


> 105 us (tLOWmin! 
=> 365 us (tyiGHmin) 
130 us + 25 us 

390 us + 25 us 

130 us + 25 us* 


+r ot 


130 ws + 25 us 


All the values refer to Vj}4 and Vj__ levels with a voltage swing of Vpp to Vsso, for definitions see 


high-speed mode. 


* Only valid for repeated start code. 
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ee eS Ce AOD G2 OW 


[eS | [ eee [Ff Cee | [ a | 
START START BYTE DUMMY REPEATED ADDRESS ACKNOWLEDGE STOP 
CONDITION ACKNOWLEDGE START CONDITION 

CONDITION 7287016 


Fig. 10 Complete data transfer in the low-speed mode. 


Where: 
Clock tLoWmin 130 ws + 25 us 
tHiGHmin 390 ps + 25 us 
Mark-to-space ratio 1: 3 (LOW-to-HIGH) 
Start byte 0000 0001 
Max. number of bytes 6 
Premature termination of transfer not allowed 
Acknowledge clock bit must be provided by master 
Note | 


The general characteristics and detailed specification of the 1?C bus are described in a separate data 
sheet (serial data buses) in handbook: ICs for digital systems in radio, audio and video equipment. 
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ADDRESSING 


Before any data is transmitted on the |?C bus, the device which should respond is addressed first. The 
addressing is always done with the first byte transmitted after the start procedure. 


Slave address 


The clock/calendar acts as a slave receiver or slave transmitter. Therefore the clock signal SCL is only 
an input signal, but the data signal SDA is a bidirectional line. The clock calendar slave address is shown 
in Fig. 11. 

MSB LSB 


7Z86686 


Fig. 11 Slave address. 


The subaddress bits AO and Al correspond to the two hardware address pins AO and A1 which allows 
_ the device to have 1 of 4 different addresses. 


Clock/calendar READ/WRITE cycles 
~ The I?C bus configuration for different Seekieleniae READ and WRITE cycles is shown in Fig. 12 


and Fig. 13. 
acknowledge acknowledge acknowledge 
A slave. from slave . from slave 
R/WY | MSB LSB { 
CLOCK/CALENDAR 
[s | egeatatonn Jala] “woseronre” Jal oar Jade 
_n bytes 
(n=0,1,2,...) 


auto increment 


f 
7286687 


Fig. 12 Master transmitter transmits to clock/calendar slave receiver. 


The write cycle is used to set the time counter, the alarm register and the flags. The transmission of the 
clock/calendar address is followed by the MODE-POINTER-WORD which contains a CONTROL-nibble 
(Table 3) and an ADDRESS-nibble (Table 4). The ADDRESS-nibble is valid only if the preceding 
CONTROL-nibble is set to EXECUTE ADDRESS. The third transmitted word contains the data to be 
written into the time counter or alarm register. 
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Table 3 CONTROL-nibble 


[Ye Je Yo Prion 


execute address 
read control/status flags 

reset prescaler, including seconds counter; without carry for minute counter 
time adjust, with carry for minute counter (see note) 

reset NODA flag 

set NODA flag 
reset COMP flag 


Note 


If the seconds counter is below 30 there is no carry. This causes a time adjustment of max. —30 s. 
From the count 30 there is a carry which adjusts the time by max. + 30s. 


Table 4 ADDRESS-nibble 


[ei [oo in 
0 


time counter hours 
time counter minutes 
time counter days 
time counter months 
alarm register hours 
alarm register minutes 
alarm register days 
alarm register months 


==. OO- = OO 


ooooo0oo } a 


-O- 0-7 0O- 0 


At the end of each data word the address bits B1, BO will be incremented automatically provided the 
preceding CONT ROL-nibble is set to EXECUTE ADDRESS. There is no carry to B2. 


Table 5 shows the placement of the BCD upper and lower digits in the DATA byte for writing into the 
addressed part of the time counter and alarm register respectively. 


Table 5 Placement of BCD digits in the DATA byte 


hours 
minutes 
days 

months 


Where “‘X”’ is the don’t care bit and ‘’D” is the data bit. 
Acknowledgement response of the clock calendar as slave receiver is shown in Table 6. 
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6 

acknowledge acknowledge acknowledge acknowledge (1) “TI 
a slave * slave | from slave from master no acknowledge CO 

R/Wy R/W ms LSB MSB LSB { md 
OO 


CLOCK/CALENDAR CLOCK/CALENDAR 


at this moment master (n-1) bytes ———+ nth byte eee < 
transmitter becomes 
master receiver and 


CLOCK/CALENDAR 
becomes slave transmitter auto increment auto increment 
| of B1, BO of B1, BO cena 


> 
oO 

a 
= 
co 
©0 
o>) 


(1) The master receiver must signal an end of data to the slave transmitter by not generating an acknowledge on the /ast byte that has been 
clocked out of the slave. : 


Fig. 13 Master transmitter reads clock/calendar after setting mode pointer. 


To read the addressed part of the time counter and alarm register, plus information from specified control/status flags, the BCD digits in the 
DATA byte are organized as shown in Table 7. 


acknowledge acknowledge 
from slave from master 
R/W | MSB LSB | 


CLOCK/CALENDAR A DATA A 
S| ADDRESS pfap pare 
r 1 
| | 
I n bytes ———»! 


auto increment 
of B1, BO 7Z86689 


(1) The master receiver must signal an end of data to the slave transmitter by not generating an acknowledge on the /ast byte that has been 
clocked out of the slave. 


Fig. 14 Master reads clock/calendar immediately after first byte. 


The status of the MODE-POINTER-WORD concerning the CONT ROL-nibble remains unchanged until a write to MODE POINTER condition 
occurs. 
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ADDRESSING (continued) 
Table 6 Slave receiver acknowledgement 


acknowledge on byte 


mode pointer address | mode pointer | data 
Teele [eels feoy 
0;0 ;0 ;}0 {0 |X |X {|X 
0;0 ;0 ;O |1 x |X |X 
0;0 |;0 |1 xX |X |X |X 
0O;0 }]1 |0O |X |X |X |X 
0; 0 |1 1 xX 1X |X |X 
0; 1 0 ;0 |X |X |X |X 
O | 1 0 | 1 x |X |X |X 
0; 1 1 O |X |X |X |X 
0; 1 1 1 Xx |X |X [|X 
1 X |X |X |X |X |X |X 


Where ‘‘X”’ is the don’t care bit. 


Table 7 Organization of the BCD digits in the DATA byte 


LSB 


hours 
minutes 
days 
months 


Where: ‘‘D”’ is the data bit. 
* = minutes. 
** = seconds. 


PCF8573 


April 1986 


487 


-PCF8573 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage ranges | Vpp—-Vss1 —0,3to+8 V 

| Vpp—Vss2 —0,3to+8 V 
Voltage on pins 4 and 5 Vss9—0,8 to Vpp + 0,8 V* 
Voltage on pins 6, 7, 13 and 14 Vss1—0,6 to Vpp + 0,6 V © 
Voltage on any other pin Vss2—0,6 to Vpp + 0,6 V 
Input current | ly max. 10 mA 
Output current lo max. 10 mA 
Power dissipation per output Po max. 100 mW 
Total power dissipation per package Prot max. 200 mW 
Operating ambient temperature range Tamb —~40 to +85 °C 
Storage temperature range Tstg —55 to +125 °C 
HANDLING 


Inputs and outputs are protected against electrostatic charge in normal handling. However, to be 
totally safe, it is desirable to take normal precautions appropriate to handling MOS devices (see 
‘Handling MOS Devices’). | 7 | | 


* Impedance min. 500 Q. 
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CHARACTERISTICS | 
Vss2 = 9 V; Tamb = —40 to + 85 OC unless otherwise specified. Typical values at Tap = + 25 OC 


CG 


Supply 
Supply voltage (1?C interface) 


6,0 
(Vpp—Vssa) 


Vpp-Vss2 
Vpp-Vss1 


Supply voltage (clock) 


Supply voltage (clock) 
at typ > 500 ns 


Vpp-Vss1 (Vpp-Vssa2) 


Supply current Vssjq 
at Vpp—Vss1 = 1,5 V 
at Vpp-—Vss1 =5 V 


10 
50 


—Iss1 
—Iss1 


Supply current Vss9 
at Vpp—Vss2 =5 V 
(Iq =O mA on all outputs) 


—Issa 


Inputs SCL, SDA, AO, A1, TEST 
Input voltage HIGH 
Input voltage LOW 


ViH 


Input leakage current 
at V) = Vss2 to Vpp 


Inputs EXTPF, PFIN 
Input voltage HIGH 
Input voltage LOW 


Vin—Vss1 
Vit-Vssi 


0,3 x (Vpp—Vss1) 


Input leakage current 
at V; = Vss1 to Vpp 
Vi = Vssi to Vpp 


1 


0,1 


Outputs SEC, MIN, COMP, FSET 
(normal buffer outputs) 


Output voltage HIGH 
at Vpp—Vss?2 = 2,5 V; 
—l9g =0,1 mA 
at Vpp—Vss2 = 4 to 6 V; 
—I9 =0,5 mA 
Output voltage LOW 
at Vpp—Vss2 = 2,5 V; 
lo = 0,3 mA 
at Vpp—Vss2 = 4 to6 V; 
lo = 1,6 mA 
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CHARACTERISTICS (continued) 


a 


Output SDA 
(N-channel open drain) 


Output “ON”: lo =3 mA 
at Vpp—Vss2 = 2,5 to6 V 


Output “OFF” (leakage current) 
at Vpp—Vss2 =6V; Vo=6V 


Internal threshold voltage 
Power failure detection 
Power “ON” reset 

at Vsc_ = Vspa = VoD 


Rise and fall times of input signals 
Input EXTPF 
Input PFIN 


Input signals except EXTPF and PFIN 
between Vj; and Vj} levels 
rise time 


fall time 


Frequency at SCL 


at Vpp—Vss2=4to6 V 
Pulse width LOW (see Figs 7 and 9) 
Pulse width HIGH (see Figs 7 and 9) 


Noise suppression time constant 
eat SCL and SDA input 


“Input capacitance (SCL, SDA) 


Oscillator 
Integrated oscillator capacitance 
Oscillator feedback resistance 


Oscillator stability for: 
A(Vpp—Vss1) = 100 mv 
at Vpp—Vss1 = 1,55 V; 
Tamb = 25 °C 

Quartz crystal parameters 

Frequency = 32,768 kHz 

Series resistance 

Parallel capacitance 

Trimmer capacitance 
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Purchase of Philips’ 1*?C components conveys a license under the 
Philips’ I?C patent to use the components in the I?C-system 
provided the system conforms to the |?C specifications defined 
by Philips. 
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APPLICATION INFORMATION 


ff ; 
SDA 


Vpp MASTER DEVICE 


PCD8571 MICROCONTROLLER 


128 x 8 BIT STATIC CMOS RAM TH ae 


PCE2111 
(~*~ 64 LCD 
S SEGMENT DRIVER 
PCF8573 a 
A1_Vss2 Test Vssi II 


12V + 8 DIGIT LCD 
(NiCa), 
R . . f ! 
detection circuit ch: resistor tor i 
with very high permanent charging 
impedance : 
7286688.2 


12C bus 


Fig. 15 Application example of the PCF8573 clock/calendar. 


+5V 


SCL SDA Vpp 


MASTER 
MICRO - 
CONTROLLER 


PCF8573 
TEST 


PFIN 


EXTPF 
Vss2 


PCD8571 


OSCO 


Vss Vssi 


7 7 7 7 1287945 


Fig. 16 Application example of the PCF8573 with common Vssq and Vss2 supply. 
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DEVELOPMENT DATA aL 
This data sheet contains advance information and a PCF8574 


specifications are subject to change without notice. 


REMOTE 8-BIT I/O FOR I%C BUS 


GENERAL DESCRIPTION 


The PCF8574 is a single-chip silicon gate CMOS circuit. It provides remote |/O expansion for the 
MAB8400 and PCF8500 microcomputer families via the two-line serial bidirectional bus (1?C). 

It can also interface microcomputers without a serial interface to the |?C bus (as a slave function only). 
The device consists of an 8-bit quasi-bidirectional port and an |*C interface. 

The PCF8574 has low current consumption and includes latched outputs with high current drive 
capability for directly driving LEDs. It also possesses an interrupt line (INT) which is connected to 

the interrupt logic of the microcomputer on the |?C bus. By sending an interrupt signal on this line, 
the remote |/O can inform the microcomputer if there is incoming data on its ports without having to 
communicate via the !12C bus. This means that the PCF8574 can remain a simple slave device. 


Features 


Operating supply voltage 2,5 Vto6V 

Low stand-by current consumption max. 10 vA. 

Bidirectional expander 

Open drain interrupt output 

8-bit remote I/O port for the I?C bus 

Peripheral for the MAB8400 and PCF8500 microcomputer families 

Latched outputs with high current drive capability for directly driving LEDs 

Address by 3 hardware address pins for use of up to 8 devices (up to 16 possible with mask option) 


PCF8574 


— INTERRUPT | 
INT racic LP FILTER 


AO 


Al 

A2 

SCL 2c Bus | 

SDA CONTROL Pl chipy air (70 | 
REGISTER PORTS 


write pulse 
read pulse 
Vpb POWER-ON 
8 
Vsg i RESET 


Fig. 1 Block diagram. 


7Z85821.1 


PACKAGE OUTLINES 


PCF8574P: 16-lead DIL; plastic (SOT-38). 
PCF8574T: 16-lead mini-pack; plastic (SO-16L; SOT-162A). 
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PINNING 
Aoli | 
Al 
A2 
PO 
PCF8574 
P15 | 
P21 6 | 
P3 
Vgs | 8] 
Pee TORT Fig. 2 Pinning diagram. 
1 to 3 AO to A2 address inputs 
ey Sued 8-bit i-bidirectional 1/O port 
-bit quasi-bidirectiona or 
9to12 P4toP7| 7? is 
8 Vss negative supply 
13 INT interrupt output 
14 SCL serial clock line 
15 SDA serial data line 
16 VoD positive supply 
Vop 
write pulse . 
| Cc» 
a town O 
data f | 
Papasan Da 
FF 
| "1, x PO toP7 
power —on Pa 
reset 
Vgs 
D a 
FF 
| Cc 
to interrupt 
sit eater ) > — 


7287598 


Fig. 3 Simplified schematic diagram of each port. 
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CHARACTERISTICS OF THE I?C BUS 


The I°C bus is for 2-way, 2-line communication between different 1!Cs or modules. The two lines are 

a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply 
via a pull-up resistor when connected to the output stages of a device. Data transfer may be initiated 
only when the bus is not busy. 


Bit transfer 


One data bit is transferred during each clock pulse. The data on the SDA line must remain stable 
during the HIGH period of the clock pulse as changes in the data line at this time will be interpreted 
as control signals. 


| 
data line } change 


| 
| stable: | of data 
| data valid | allowed 7287019 


Fig. 4 Bit transfer. 


Start and stop conditions 


Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to- LOW transition of the 
data line, while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH is defined as the stop condition (P). 


DEVELOPMENT DATA 


Ls ste hl We etd) 


ae stop condition 
start condition P 7287005 


Fig. 5 Definition of start and stop conditions. 


System configuration 


A device generating a message is a ‘‘transmitter’’, a device receiving a message is the ‘‘receiver’’. The 
device that controls the message is the ‘‘master’’ and the devices which are controlled by the master 
are the ‘‘slaves”’. 


SDA 
SCL 


MASTER MASTER MASTER 
TRANSMITTER/ TRANSMITTER/ TRANSMITTER / 


RECEIVER 
RECEIVER E RECEIVER Toe RECEIVER 


7287004 


Fig. 6 System configuration. 
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CHARACTERISTICS OF THE I?C BUS (continued) 
Acknowledge 


The number of data bytes transferred between the start and stop conditions from transmitter to 
receiver is not limited. Each byte of eight bits is followed by one acknowledge bit. The acknowledge 
bit isa HIGH level put on the bus by the transmitter whereas the master generates anextra acknowledge 
related clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception 
of each byte. Also a master must generate an acknowledge after the reception of each byte that has been 
clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line during 
the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of the 

acknowledge related clock pulse, set up and hold times must be taken into account. A master receiver 
must signal an end of data to the transmitter by not generating an acknowledge on the last byte that 
has been clocked out of the slave. In this event the transmitter must leave the data line HIGH to enable 
the master to generate a stop condition. 


start clock pulse for 
condition acknowledgement 
| 


: { 
SCL FROM | 
| 


DATA OUTPUT | 
BY TRANSMITTER | 


| 
S 


DATA OUTPUT _ | 
BY RECEIVER | 
. 7Z87007 


Fig. 7 Acknowledgement on the 12C bus. 


Timing specifications 


Within the I°C bus specifications a high-speed mode and a low-speed mode are defined. The PCF8574 
operates in both modes and the timing requirements are as follows: 


High-speed mode , 
Masters generate a bus clock with a maximum frequency of 100 kHz. Detailed timing is shown in 
Fig. 8. 

~ jf | | 

"BUR 
SCL 
— 1! tHD;STA l<=— —' tHiGH 
tp —> <—_ —> <—- 
tHD;DAT tSU;DAT 
SDA 
7Z87013.1 oe ae cai oe 


'SU;STA | | tsu;STO 


Fig. 8 Timing of the high-speed mode. 
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Where: 

tBUF t2t_OWmin The minimum time the bus must be free before a new 
transmission can start 

tHD: STA t2> tHiGHmin Start condition hold time 

tLOWmin 4,7 ws Clock LOW period 

tHiGHmin 4 us Clock HIGH period 

tSU: STA t > tLowmin Start condition set-up time, only valid for repeated start code 

tHD: DAT t2Ous Data hold time 

tSU; DAT t 2 250 ns Data set-up time 

tr t<1us Rise time of both the SDA and SCL line 

tr t < 300 ns Fall time of both the SDA and SCL line 

tsu: STO t 2 tLowmin Stop condition set-up time 

Note 


All the values refer to Vj} and Vj, levels with a voltage swing of Vss to Vpp. 


oe thst a Af UL. [NS 


START ADDRESS R/W_ ACK DATA ACK START ADDRESS R/W ACK _ STOP 
CONDITION | CONDITION 7287004 


Fig. 9 Complete data transfer in the high-speed mode. 


Where: 
Clock t; OWmin 4,/ us 
tHIGHmin Aus 
The dashed line is the acknowledgement of the receiver 
Mark-to-space ratio 1: 1 (LOW-to-HIGH) 
Max. number of bytes unrestricted 
Premature termination of transfer allowed by generation of STOP condition 
Acknowledge clock bit must be provided by the master 
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CHARACTERISTICS OF THE I?C BUS (continued) 


Low-speed mode 


Masters generate a bus clock with a maximum frequency of 2 kHz; a minimum LOW period of 105 us 
and a minimum HIGH period of 365 us. The mark-to-space ratio is 1 : 3 LOW-to-HIGH. Detailed 
timing is shown in Fig. 10. 


~<— tguF —> 


SCL 
— >! tHD;sTA <— CCG a ie 'SU;DAT 
"HD ;DAT 
SDA 
7Z87015.1 tsu:sta a eierae 
Fig. 10 Timing of the low-speed mode. 

Where: _ 
tBUF t > 105 us (tLQWmin! 
tHD; STA — t 2 365 us (tHiGHmin) 
tLow | 130 ws + 25 us 
tHIGH 390 us + 25 us 
tSu: STA 130 ps + 25 ps* 
tHD; DAT t2>Ous 
tSU: DAT t 2 250 ns 
tr : t<1 us 
te t <300 ns 
tsu: STO 130 us + 25 us 
Note 


All the values refer to Viz and Vj, levels with a voltage swing of Vgc to Vpp, for definitions see 
high-speed mode. 


* Only valid for repeated start code. 
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DEVELOPMENT DATA 


Remote 8-bit 1/O for I?C bus | PCF8574 


om [ "7 71 


START START BYTE eevrryva SeGE ATED wt w= gee” = SRK NOWUEDGE STOP 
CONDITION ACKNOWLEDGE START CONDITION 
CONDITION 7287016 
Fig. 11 Complete data transfer in the low-speed mode. 
Where: 
Clock th OWmin 130 ws + 25 ps ( 
tyiGHmin 390 us + 25 us | 
Mark-to-space ratio 1: 3 (LOW-to-HIGH) 
Start byte 0000 0001 
Maximum number of bytes 6 
Premature termination of transfer not allowed 
Acknowledge clock bit must be provided by master 


Note 


The general characteristics and detailed specification of the I?C bus are described in a separate data 
sheet (serial data buses) in handbook: ICs for digital systems in radio, audio and video equipment. 
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FUNCTIONAL DESCRIPTION 
Addressing (see Figs 12 and 13) 


U 
©) 
“Tl 
©O 
O1 
=~] 
> 


q. 
3 Each bit of the PCF8574 I/O port can be independently used as an input or an output. Input data is transferred from the port to the 
» microcomputer by the READ mode. Output data is transmitted to the port by the WRITE mode. 
< 
© 
re) 
o 
SCL 1\_/2\_/3\_/4\_/5\_/e\_/7\/8 
| | | 
~ slave address | | data to port | data to port : 
—— MO OO CS SS SSS SS Se 
i 4 I} 
start condition R/ | acknowledge from slave l acknowledge from slave acknowledge from slave 
| 


WRITE | 
TO a ae ee 
PORT , 


DATA OUT | ; \ | 
FROM PORT 


| 
| It ; | 
| toy—l lee toyed 7287593 


Fig. 12 WRITE mode (output port). 


DEVELOPMENT DATA 


slave address data from port data from port 
SDA 0 1 0 0 A2 Al AO 1 DATA 1 DATA 4 ae 
t aa Be ! t 4 
start condition R/W | acknowledge acknowledge | stop 
from slave | from master | condition 


READ FROM l 
PORT ee SS Lf ee ae ee 


| | 

DATA INTO DATA 1 | \ DATA 2 DATA 3 DATA 4 
PORT | 
| 
| | 
| as le toh >| tos ! 
| | | | 
| | 
INT 
l | 
ai | i | | ! 
l<-tiy >| |<tir +>! |< ti, | 7287596 


Fig. 13 READ mode (input port). 


Note 


A LOW-to-HIGH transition of SDA, while SCL is HIGH is defined as the stop condition (P). Transfer of data can be stopped at any moment by a 
stop condition. When this occurs, data present at the last acknowledge phase is valid (output mode). Input data is lost. 
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LOS 
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= 
oO 
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= 
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Interrupt (see Figs 14 and 15) 


The PCF8574 provides an open drain output (INT) which can be fed to a corresponding input of the 
microcomputer. This gives these chips a type of master function which can initiate an action elsewhere 
in the system. 


PCF8574 PCF8574 PCF8574 
Vop (1) (2) (8) 


INT 


MICROCOMPUTER 


INT —_—— 
~ 7287599 


Fig. 14 Application of multiple PCF8574s with interrupt. 


An interrupt is generated by any rising or fal edge of the port inputs in the input mode. After time 
tiy the signal INT. is valid. 


Resetting and reactivating the interrupt circuit is achieved when data on the port is changed to the 
original setting or data is read from or written to the port which has generated the interrupt. 
Resetting occurs as follows: 

@ Inthe READ mode at the acknowledge bit after the rising edge of the SCL signal. 

@ Inthe WRITE mode at the acknowledge bit after the HIGH to LOW transition of the SCL signal. 
Each change of the i ports after the resettings will be detected and after the next rising clock edge, will 
be transmitted as INT. 

Reading from or writing to another device does not affect the interrupt circuit. 


slave enerienntie cd ee . data from pe ee 
= DDMBCOS DON eo 
wat condition a | awe “ a 
| from slave condition 
! 
| 
SCL 1 2 3 4 5 6 7 8 


DATA INTO P5 / 


—>| la— tiy et |~<«— tir 7287594 


Fig. 15 Interrupt generated by a change of input to port P5. 
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Remote 8-bit ‘i6 for 12C bus PCF8574 


FUNCTIONAL DESCRIPTION (continued) 


Quasi-bidirectional 1/O ports (see Fig. 16) 


A quasi-bidirectional port can be used as an input or output without the use of a control signal for data 
direction. The bit designated as an input must first be loaded with a logic 1. In this mode only a current 
source to Vpp is active. An additional strong pull-up to Vpp allows fast rising edges into heavily 
loaded outputs. These devices turn on when an output changes from LOW to HIGH, and are switched 
off by the negative edge of SCL. SCL should not remain HIGH when a short-circuit to Vss is allowed 
(input mode). 


slave address data to port data to port 


| 
oPDPopre wee Pl RL 
i Ltt i 4 | 
start condition R/W_ acknowledge P3 P3 


| l 
from slave | : 
? | 
SCL 1\_/2\_/3\_/a\_/s\_Se\_/7\_/s | 
| | 
P3 | 
OUTPUT 3 = ae : 
VOLTAGE ! 
| 
P3 Vi i 
PULL-UP ms, & 
OUTPUT 
CURRENT : | | 


I | lt 
OHt | 7287595 | OH 


Fig. 16 Transient pull-up current IOp4y4 while P3 changes from LOW-to-HIGH and back to LOW. 


RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 

Supply voltage range Vpp —0,5to+7 V 
Input voltage range (any pin) Vv) Vss—0,5 to Vpp + 0,5 V 
D.C. current into any input ttl max. 20 mA 
D.C. current into any output tlo max. 25 mA 
Vpp or Vss current +Ipp;lss max. 100 mA 
Total power dissipation Prot max. 400 mW 
Power dissipation per output Po max. 100 mW 
Storage temperature range Tstg —65 to + 150 OC 
Operating ambient temperature range Tamb —40 to +85 °C 
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CHARACTERISTICS 
Vpp = 2,5 to 6 V; Vgs = 0 V; Tamb = —40 to + 85 OC unless otherwise specified 


oe 


Supply (pin 16) 
Supply voltage 


Supply current 
at Vpp = 6 V; no load, inputs at Vpp, Vss 
operating; (SCL = 100 kHz) 
standby : 


Power-on reset voltage level (note 1) 


Input SCL; input/output SDA (pins 14; 15) 
Input voltage LOW 
Input voltage HIGH 


Output current LOW 
at VoL = 0,4 V 


Input/Output leakage current 


0,3VppD 
Vpp + 0,5 V 


Clock frequency (see Fig. 8) 


Tolerable spike width 
at SCL and SDA input 


input capacitance (SCL, SDA) 
at Vj} =Vss 


1/O ports (pins 4 to 7;9 to 12) 
Input voltage LOW 
Input voltage HIGH 


Maximum allowed input current 

through protection diode 
at Vi 2Vpp or S Vss 

Output current LOW 

at VoL =1V;Vpp =5V 

Output current HIGH 
at VQOH = Vss (current source only) 

Transient pull-up current HIGH 
during acknowledge (see Fig. 16) 
at Vou = Vss 

Input/Output capacitance 


Port timing; C; <100 pF (see Figs 12 and 13) 
Output data valid 


input data set-up 
Input data hold 
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Remote 8-bit I/O for I2C bus PCF8574 


parameter 


Interrupt INT (pin 13) 
Output current LOW 
at Vo, = 0,4 V 
Output current HIGH 
at VoH = Vpp 


fvmbol| min [vm [mex [nie 


INT timing; Ci. < 100 pF (see Fig. 13) 
Input data valid 
Reset delay 


Select inputs AO, A1, A2 (pins 1 to 3) 
Input voltage LOW 
Input voltage HIGH 


0,3VpDpD 
Vpp + 0,5 V 
Input leakage current 
at Vj} =Vpp or Vss 


100 


Note 1 
The power-on reset circuit resets the 1?C bus logic with V|pp < Vpr_F and sets all ports to logic 1 


(input mode with current source to Vpp). 


Purchase of Philips’ |12C components conveys a license under the 
Philips’ 12C patent to use the components in the |?C-system 
provided the system conforms to the |?C specifications defined 
by Philips. 


DEVELOPMENT DATA 
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UNIVERSAL LCD DRIVER FOR LOW MULTIPLEX RATES 


GENERAL DESCRIPTION 


The PCF8576 is a peripheral device which interfaces to almost any liquid crystal display (LCD) having 
low multiplex rates. It generates the drive signals for any static or multiplexed LCD containing up to 
four backplanes and up to 40 segments and can easily be cascaded for larger LCD applications. The 
PCF8576 is compatible with most microprocessors and communicates via a two-line bidirectional bus 
(1?C). Communication overheads are minimized by a display RAM with auto-incremented addressing, 
by hardware subaddressing and by display memory switching (static and duplex drive modes). 


Features 


Single-chip LCD controller/driver 

Selectable backplane drive configuration: static or 2/3/4 backplane multiplexing 

Selectable display bias configuration: static, 1/2 or 1/3 

Internal LCD bias generation with voltage-follower buffers 

40 segment drives: up to twenty 8-segment numeric characters; up to ten 15-segment alphanumeric 
characters; or any graphics of up to 160 elements 

40 x 4-bit RAM for display data storage 

Auto-incremented display data loading across device subaddress boundaries 

Display memory bank switching in static and duplex drive modes 

Versatile blinking modes 

LCD and logic supplies may be separated 

Wide power supply range: from 2 V for low-threshold LCDs and up to 9 V for guest-host LCDs and 
high-threshold (automobile) twisted nematic LCDs 

Low power consumption 

Power-saving mode for extremely low power consumption in battery-operated and telephone 
applications 

I?C bus interface 

TTL/CMOS compatible 

Compatible with any 4-bit, 8-bit or 16-bit microprocessors 

May be cascaded for large LCD applications (up to 2560 segments possible) 

Optimized pinning for single plane wiring in both single and multiple PCF8576 applications 
space-saving 56-lead plastic mini-pack (VSO-56) 

Very low external component count (at most one resistor, even in multiple device applications) 
Compatible with chip-on-glass technology 

Manufactured in silicon gate CMOS process 


PACKAGE OUTLINES 


PCF8576T: 56-lead mini-pack; plastic (VSO-56; SOT-190). 
PCF8576U: uncased chip in tray 
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Fig. 1 Block diagram. 


Universal LCD driver for low multiplex rates 


| PINNING 
SDA | 1 | gE 156| S39 — 
SCL 155| S38 9 SCL 
SYNC | 3 | [54] $37 3. SYNC 
CLK | 4 | 153} S36 4 CLK 
Vop [5 | S35 5  Vpp 
osc [6 | S34 2 alo 
no Bs ga 
ails 49] $32 9 A2 
ale elie 10 SAO 
SAO | 10) $30 : ‘oll 
Vss Lt] ad 13. BPO 
Vicp S28 14 BP2 
BPO $27 bi ae 
mee] trae FS 
56 $39 
BP3 | 16 | |41] S24 
SO 140] $23 
S1 | 18 | $22 
S2 {19 S21 
$3 $20 
S4 S19 
S5 S18 
S6 34] $17 
S7 S16 
$8 $15 
S9 S14 
$10 130] S13 
$11|28| S12 
7291476.1 


Fig. 2 Pinning diagram. 


 PCF8576 


I2C bus data input/output 

I?C bus clock input/output 

cascade synchronization input/output 
external clock input/output 

positive supply voltage 


oscillator input 
I7C bus subaddress inputs 


I7C bus slave address bit 0 input 
logic ground 


LCD supply voltage 


LCD backplane outputs 


LCD segment outputs 
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FUNCTIONAL DESCRIPTION 


The PCF 8576 is a versatile peripheral device designed to interface any microprocessor to a wide variety 
of LCDs. It can directly drive any static or multiplexed LCD containing up to four backplanes and up to 
40 segments. The display configurations possible with the PCF8576 depend on the number of active 
backplane outputs required; a selection of display configurations is given in Table 1. 


Table 1 Selection of display configurations 


active back- no. of 7-segment 14-segment dot matrix 
plane outputs segments numeric alphanumeric 


20 digits + 10 characters + 160 dots 
20 indicator 20 indicator (4 x 40) 
symbols symbols 


\ 
15 digits + 8 characters + 120 dots 
15 indicator 8 indicator (3 x 40) 
symbols symbols 


10 digits + 5 characters + 80 dots 
10 indicator 10 indicator (2 x 40) 
symbols symbols | 


5 digits + 2 characters + 40 dots 
5 indicator 12 indicator 
symbols symbols 


All of the display configurations given in Table 1 can be implemented in the typical system shown in 
Fig. 3. The host microprocessor maintains the 2-line I?C bus communication channel with the PCF8576. 
A resistor connected between OSC (pin 6) and Vg (pin 11) controls the device clock frequency. The 
appropriate biasing voltages for the multiplexed LCD waveforms are generated internally. The only 
other connections required to complete the system are to the power supplies (Vpp, Vss and Vicp) 
and to the LCD panel chosen for the application. 


LCD PANEL 


HOST ) ; 17-56] 40 segment drives 


MICRO- PCF8576 (up to 160 


PROCESSOR elements) 
13-16 4 backplanes 


0 1 
. 
7291464.1 


Fig. 3 Typical system configuration. 


510 #$November 1985 


Universal LCD driver for low multiplex rates PCF8576 


Power-on reset 


At power-on the PCF8576 resets to a defined starting condition as follows: 
. All backplane outputs are set to Vpp. 

. All segment outputs are set to Vpp. 

. The drive mode ‘1 : 4 multiplex with 1/3 bias’ is selected. 

. Blinking is switched off. 

. Input and output bank selectors are reset (as defined in Table 5). 

. The I°?C bus interface is initialized. 


N OO OF FP WD = 


. The data pointer and the subaddress counter are cleared. 


Data transfers on the I?C bus should be avoided for 1 ms following power-on to allow completion of the 
reset action. 


LCD bias generator 


The full-scale LCD voltage (V op) is obtained from Vpp — Vicp. The LCD voltage may be temperature 
compensated externally through the V; cp supply to pin 12. Fractional LCD biasing voltages are obtained 
from an internal voltage divider of three series resistors connected between Vpp and V| cp. The centre 
resistor can be switched out of circuit to provide a % bias voltage level for the 1 : 2 multiplex configuration. 


LCD voltage selector 


The LCD voltage selector coordinates the multiplexing of the LCD according to the selected LCD drive 
configuration. The operation of the voltage selector is controlled by MODE SET commands from the 
command decoder. The biasing configurations that apply to the preferred modes of operation, together 
with the biasing characteristics as functions of Von = Vpp — VLcp and the resulting discrimination 
ratios (D), are given in Table 2. 


Table 2 Preferred LCD drive modes: summary of characteristics 


LCD drive mode LCD bias V of f(rms) Von (rms) D Von(rms) 
configuration — = 


Vop Vop Voff(rms) 


static (1 BP) static (2 levels) 0 1 oo 

1: 2MUX (2 BP) 1/2 (3 levels) /2/4= 0,354 | ./10/4=0,791 | \/5= 2,236 

1: 2MUX (2 BP) 1/3 (4 levels) 1/3 = 0,333 /5/3 = 0,745 | \/5= 2,236 

1 : 3 MUX (3 BP) 1/3 (4 levels) 1/3 = 0,333 / 33/9 = 0,638 | ./33/3 = 1,915 
1: 4 MUX (4 BP) 1/3 (4 levels) 1/3 = 0,333 /3/3=0,577 | ./3= 1,732 


November 1985 511 


-PCF8576 


LCD voltage selector (continued) 


_A practical value for Vop | is determined by equating Voftirmsy’ with a , defined LCD threshold volene | 
(VthLCD), typically when the LCD exhibits approximately 10% contrast. In the static drive mode a 
suitable choice is Vop & Z 3Vthecp- | 
Multiplex drive ratios of 1 : 3 and 1 : 4 with 1/2 bias are possible but the discrimination and hence the — 
contrast ratios are smaller \/3= 1,732 for 1 : 3 multiplex or,/21/3 = 1,528 for 1 : 4 multiplex). 

The advantage of these modes is a reduction of the LCD full scale voltage Vo, as follows: 


1:3 multiplex (1/2 bias) : Vop = 1/6 Vott(rms) a 2,449 Voff(rms) 
1: 4 multiplex (1/2 bias) : Vop = 4y/3/3 Voft(rms) = 2,309 Vott(rms) 
These compare with Von = 3 Voff(rms) when 1/3 bias is used. 


LCD drive mode waveforms 


The static LCD drive mode is used when a single backplane is provided in the LCD. Backplane and 
segment drive waveforms for this mode are shown in Fig. 4. 


BPO 
Sh 
Sn+1 
state? OQ —— | At any instant (t): 7 ; : 
Vstate 1(t) = Vs, (t) - Vepolt) 
“Yop — Von(rms) = Vop 
Vanes 
Vstate 2(t)=Vs_ 4 (t) - Vepolt) 
state2 0 — Voff(rms) =9 V 
Nop. S25 


(b) RESULTANT WAVEFORMS 
AT LCD SEGMENT 
7291465 


Fig. 4 Static drive mode waveforms: Vop = Vpp — VLCD- 
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Universal LCD driver for low multiplex rates | PCF8576 


When two backplanes are provided in the LCD the 1 : 2 multiplex drive mode applies. The PCF8576 
allows use of 1/2 or 1/3 bias in this mode as shown in Figs 5 and 6. | 


<«— frame —— 
LCD segments 


oS 
Vicp ——_— 


state 1 


V ema acters 
DD state 2 
BPp1 = (Vpp + Vicp)/2 — N 


VLCD 


1 
Sn 


VLCD 


Vop ——_———_—- 
Sn+1 | | | | | 
Vicp -————-——— 


(a) WAVEFORMS AT DRIVER 
Vopr At any instant (t): 


Vop/2 Vstate 1(t) = Vs. (t) — Vepolt) 
ae V | 
op 7a 
—Vop/2 —————- Von(rms) = “4 10 =0,791Vop 
-Vop 
Yop ————— Vstate 2(t) = Vs, (t) — Vepq(t) 
p 
Pr eaieese | 4 Vottirms) = —g-V 2 = 0,354Vop 
-Vop/2 ———— 
~Vop 7291477 


(b) RESULTANT WAVEFORMS 
AT LCD SEGMENT 


Fig. 5 Waveforms for 1 : 2 multiplex drive mode with 1/2 bias: Voy = Vpp — VLCD.- 
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_LCD drive mode waveforms (continued) 


<—— ltrame ———> 


LCD segments 


2) 0 are 
Vpp-Vop/3 — 
Vpp—2 Vop/3 = 
ViLcD ————— a 


‘0D state 2 
a ae ee a 

VDD—-2 Vop/3 — 

01 aes 


Vpp 


BPO 


VLCD 
VDp —— 
VLCD 


Sn+1 


(a) WAVEFORMS AT DRIVER 
Vop 
2Vop/3 | 
\en/3 = Vstate 1{t) = Vs. (t) — VBpolt) 
state 1 0-——_—__ 
—2Vop/3 
—Vop 
a Vstate 2(t) = Vs. (t) — Vep1 it) 
2 Vop/3 
Vop/3 
state 2 (@) 
—Vop/3 
—2Vop/3 
SOS seo 7291466 
(b) RESULTANT WAVEFORMS , 
AT LCD SEGMENT 


At any instant (t): 


Von(rms) = — v5 = 0,745Vop 


Voff(rms) = “4a. 0,333Vop 


Fig. 6 Waveforms for 1 : 2 multiplex drive mode with 1/3 bias: Vop = Vpb — VLCD: 


The backplane and segment drive wavefront for the 1 : 3 multiplex drive mode (three LCD backplanes) 
and for the 1 : 4 multiplex drive mode (four LCD backplanes) are shown in Figs 7 and 8 respectively. 
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Yoo ——— 
Vpp-Vop/3 — 
Vop—2 Vop/3 Pee 
VicD ——— rh 
Vop.s= es state 1 
Vpp—Vop/3 —— 

VoD —2 Vop/3 — 

VLCD 

‘oo 

Vpp-Vop/3 — 

Vop—2 Vop/3 — 

VLCD 

Vpp ———__ 

VoD —Vop/3 — 

Vpop-2 Vop/3 —_— 

VLCD 

\op= = 

Vpp-Vop/3 —_— 

Vpp—2 Vop/3 — 

VLCD 

yo 

Vpp-Vop/3 — 

Vpp -—2 Vop/3 = 

VLCD 


<————  lframe __ LCD segments 


BPO 
BP1 
BP2 
Sn 
Sn+1 


Sn+2 


(a) WAVEFORMS AT DRIVER 
= aa At any instant (t): 
op/? 
Vop/3 ——— Vstate 1{t) = Vs, (t) — Vepolt) 
state? 0 ————— 


V 
a Vonirms) = —-- 33 = 0,638Vop 
—2Vop/3 9 


as Vstate 2(t) = Vg_(t) — Vapi (t) 
op 
2 Vop/3 
Vop/3 
state2 0 
—Vop/3 
—2Vop/3 
—Voep ———-—— 7Z91478 
(b) RESULTANT WAVEFORMS 
AT LCD SEGMENT 


Voff(rms)= —5- = 9 


3” 7 0,333Vop 


Fig. 7 Waveforms for 1 : 3 multiplex drive mode: Von = Vpp — VLCD- 
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LCD drive mode waveforms (continued) 


VpD 
Vpp-Vop/3 —— 
Vpp-2 Vop/3 — 
Vicp ——-— ie 
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VpD-Vop/3 — “Ne 
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VicD 
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Vstate 1(t) = 
Vs_,(t) — Vppott) 


Von(rms) = 


Vop 
2 Vop/3 
Vop/3 
state? 0 
—Vop/3 
=2 Vop/3 
= Vop 


V 
v3 = 0,577Vop 


Vop 
2 Vop/3 


Vop/3 Vstate 2(t) = 
satel. 0 | | | | | | | Vs_(t) — Vepq(t) 
~Vop/3 ———— De ate 
—2Vop/3 7291479 Voff(rms) = 

—Vop 


Vo 
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AT LCD SEGMENT 


Fig. 8 Waveforms for 1 : 4 multiplex drive mode: Vop = Vop — Vicp- 
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Oscillator 


Internal clock 


The internal logic and the LCD drive signals of the PCF 8576 are timed either by the built-in oscillator 
or from an external clock. When the internal oscillator is used, frequency control is performed by a 
single resistor connected between OSC (pin 6) and Vsg (pin 11) as shown in Fig. 9. In this case, the 
output from CLK (pin 4) provides the clock signal for cascaded PCF8576s in the system. 


7Z291467.1 
1000 (te a oe 


f fife ee eT eee 
CLK oneal eae Be 
ioctl eae le!| ae 
peed man ; 
- x i 
<= aan 
ee Baa 
0 ms CoH 
aan Pa 
|| [m aon 
| oe Hl 
10 ati Fig. 9 Oscillator frequency 
100 200 500 1000 2000 5000 as a function of Rog: 
Rose ee foLK © (3,4 x 107/ Rose) KHz°&. 


External clock 


The condition for external clock is made by tying OSC (pin 6) to Vpp; CLK (pin 4) then becomes the 
external clock input. 


The clock frequency (fc) determines the LCD frame frequency and the maximum rate for data 
reception from the I?C bus. To allow I?C bus transmissions at their maximum data rate of 100 kHz, 
fcLK should be chosen to be above 125 kHz. 


A clock signal must always be supplied to the device; removing the clock may freeze the LCD in a d.c. 
state. 


Timing 

The timing of the PCF8576 organizes the internal data flow of the device. This includes the transfer 
of display data from the display RAM to the display segment outputs. In cascaded applications, the 
synchronization signal SYNC maintains the correct timing relationship between the PCF 8576s in the 
system. The timing also generates the LCD frame frequency which it derives as an integer multiple of 
the clock frequency (Table 3). The frame frequency is set by the choice of value for Roce when 
internal clock is used, or by the frequency applied to pin 4 when external clock is used. 


Table 3 LCD frame frequencies 


PCF8576 mode recommended Rog (kQ) 


180 feL K /2880 
1200 fo_ K/480 


nominal fframe (Hz) 


normal mode 


power-saving mode 
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Timing (continued) 


The ratio between the clock frequency and the LCD frame frequency depends on the mode in which 

the device is operating. In the normal mode, Rogc = 180 kQ will result in the nominal frame frequency. 
In the power-saving mode the reduction ratio is six times smaller; this allows the clock frequency to be 
reduced by a factor of six and for the same frame frequency Rog will be 1,2 M&2. The reduced clock 
frequency and the increased value of Rogc together contribute to a significant reduction in power 
dissipation. The lower clock frequency has the disadvantage of increasing the response time when large 
amounts of display data are transmitted on the I?C bus. When a device is unable to ‘digest’ a display 

data byte before the next one arrives, it holds the SCL line LOW until the first display data byte is stored. 
This slows down the transmission rate of the I?C bus but no data loss occurs. 


Display latch 


The display latch holds the display data while the corresponding multiplex signals are generated. There 
is a one-to-one relationship between the data in the display latch, the LCD segment outputs and one 
column of the display RAM. 


Shift register 


The shift register serves to transfer display information from the display RAM to the display latch while 
previous data are displayed. 


Segment outputs 


The LCD drive section includes 40 segment outputs SO to $39 (pins 17 to 56) which should be connected 
directly to the LCD. The segment output signals are generated in accordance with the multiplexed back- 
plane signals and with the data resident in the display latch. When less than 40 segment outputs are 
required the unused segment outputs should be left open. 


Backplane outputs 


The LCD drive section includes four backplane outputs BPO to BP3 which should be connected directly 
to the LCD. The backplane output signals are generated in accordance with the selected LCD drive mode. 
If less than four backplane outputs are required the unused outputs can be left open. In the 1:3 multi- 
plex drive mode BP3 carries the same signal as BP1, therefore these two adjacent outputs can be tied 
together to give enhanced drive capabilities. In the 1: 2 multiplex drive mode BPO and BP2, BP1 and 
BP3 respectively carry the same signals and may also be paired to increase the drive capabilities. In the 
static drive mode the same signal is carried by all four backplane outputs and they can be connected in 
parallel for very high drive requirements. 


Display RAM 


The display RAM is a static 40 x 4-bit RAM which stores LCD data. A logic 1 in the RAM bit-map 
indicates the ‘on’ state of the corresponding LCD segment; similarly, a logic O indicates the ‘off’ state. 
There is a one-to-one correspondence between the RAM addresses and the segment outputs, and between 
the individual bits of a RAM word and the backplane outputs. The first RAM column corresponds to the 
40 segments operated with respect to backplane BPO (Fig. 10). In multiplexed LCD applications the 
segment data of the second, third and fourth column of the display RAM are time-multiplexed with 

BP1, BP2 and BP3 respectively. 
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display RAM addresses (rows) / segment outputs (S) 


0 1 2 3 4 Se Specs: 35 36 37 38 39 
display RAM bits 0 
(columns) / Fo eee ee 
backplane outputs u pet tc aee 
(BP) 2 
3 
7291468 


Fig. 10 Display RAM bit-map showing direct relationship between display RAM addresses and segment 
outputs, and between bits in a RAM word and backplane outputs. 


When display data are transmitted to the PCF8576 the display bytes received are stored in the display 
RAM according to the selected LCD drive mode. To illustrate the filling order, an example of a 7-seg- 
ment numeric display showing all drive modes is given in Fig. 11; the RAM filling organization depicted 
applies equally to other LCD types. 


With reference to Fig. 11, in the static drive mode the eight transmitted data bits are placed in bit 0 of 
eight successive display RAM addresses. In the 1 : 2 multiplex drive mode the eight transmitted data 

bits are placed in bits 0 and 1 of four successive display RAM addresses. In the 1 : 3 multiplex drive 
mode these bits are placed in bits 0, 1 and 2 of three successive addresses, with bit 2 of the third address 
left unchanged. This last bit may, if necessary, be controlled by an additional transfer to this address but 
care should be taken to avoid overriding adjacent data because full bytes are always transmitted. In the 
1: 4 multiplex drive mode the eight transmitted data bits are placed in bits 0, 1, 2 and 3 of two suc- 
cessive display RAM addresses. | 


Data pointer 


The addressing mechanism for the display RAM is realized using the data pointer. This allows the loading 
of an individual display data byte, or a series of display data bytes, into any location of the display 

RAM. The sequence commences with the initialization of the data pointer by the LOAD DATA POINTER 
command. Following this, an arriving data byte is stored starting at the display RAM address indicated 

by the data pointer thereby observing the filling order shown in Fig. 11. The data pointer is automati- 
cally incremented according to the LCD configuration chosen. That is, after each byte is stored, the 
contents of the data pointer are incremented by eight (static drive mode), by four (1 : 2 multiplex 

drive mode), by three (1 : 3 multiplex drive mode) or by two (1 : 4 multiplex drive mode). 


Subaddress counter 


The storage of display data is conditioned by the contents of the subaddress counter. Storage is allowed 

to take place only when the contents of the subaddress counter agree with the hardware subaddress applied 
to AO, Al and A2 (pins 7, 8, and 9). The subaddress counter value is defined by the DEVICE SELECT 
command. If the contents of the subaddress counter and the hardware subaddress do not agree then data 
storage is inhibited but the data pointer is incremented as if data storage had taken place. The subaddress 
counter is also incremented when the data pointer overflows. 
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Fig. 11 Relationships between LCD layout, drive mode, display RAM filling order 7291469 
and display data transmitted over the I?C bus (x = data bit unchanged). 
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Subaddress counter (continued) 


The storage arrangements described lead to extremely efficient data loading in cascaded applications. 
When a series of display bytes are being sent to the display RAM, automatic wrap-over to the next 
PCF 85/76 occurs when the last RAM address is exceeded. Subaddressing across device boundaries is 
successful even if the change to the next device in the cascade occurs within a transmitted character 
(such as during the 14th display data byte transmitted in 1 : 3 multiplex mode). 


Output bank selector 


This selects one of the four bits per display RAM address for transfer to the display latch. The actual 
bit chosen depends on the particular LCD drive mode in operation and on the instant in the multiplex 
sequence. In 1 : 4 multiplex, all RAM addresses of bit O are the first to be selected, these are followed 
by the contents of bit 1, bit 2 and then bit 3. Similarly in 1 : 3 multiplex, bits 0, 1 and 2 are selected 
sequentially. In 1 : 2 multiplex, bits O then 1 are selected and, in the static mode, bit O is selected. 


The PCF8576 includes a RAM bank switching feature in the static and1 : 2 multiplex drive modes. In 
the static drive mode, the BANK SELECT command may request the contents of bit 2 to be selected 
for display instead of bit O contents. In the 1 : 2 drive mode, the contents of bits 2 and 3 may be 
selected instead of bits 0 and 1. This gives the provision for preparing display information in an 
alternative bank and to be able to switch to it once it is assembled. 


Input bank selector 


The input bank selector loads display data into the display RAM according to the selected LCD drive 
configuration. Display data can be loaded in bit 2 in static drive mode or in bits 2 and 3 in 1 : 2 drive 
mode by using the BANK SELECT command. The input bank selector functions independently of the 
output bank selector. 


Blinker 


The display blinking capabilities of the PCF8576 are very versatile. The whole display can be blinked 
at frequencies selected by the BLINK command. The blinking frequencies are integer multiples of the 
clock frequency; the ratios between the clock and blinking frequencies depend on the mode in which 
the device is operating, as shown in Table 4. 


An additional feature is for an arbitrary selection of LCD segments to be blinked. This applies to the 
static and 1 : 2 LCD drive modes and can be implemented without any communication overheads. By 
means of the output bank selector, the displayed RAM banks are exchanged with alternate RAM banks 
at the blinking frequency. This mode can also be specified by the BLINK command. 


In the 1: 3 and 1 : 4 multiplex modes, where no alternate RAM bank is available, groups of LCD 
segments can be blinked by selectively changing the display RAM data at fixed time intervals. 


If the entire display is to be blinked at a frequency other than the nominal blinking frequency, this can 
be effectively performed by resetting and setting the display enable bit E at the required rate using the 
MODE SET command. 
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Blinker (continued) 
Table 4 Blinking frequencies 


blinking mode normal operating power-saving nominal blinking frequency 
mode ratio mode ratio fhlink (Hz) 


— — blinking off 


fcoLK/92160 foLK/15360 
fo. K/184320 fo. K/30720 
fo K/368640 fo K/61440 


CHARACTERISTICS OF THE PC BUS 


The IC bus is for 2-way, 2-line communication between different |Cs or modules. The two lines are 

a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply 
via a pull-up resistor when connected to the output stages of a device. Data transfer may be initiated 
only when the bus is not busy. 


Bit transfer 


One data bit is transferred during each clock pulse. The data on the SDA line must remain stable 
during the HIGH period of the clock pulse as changes in the data line at this time will be interpreted 
as control signals. 


A? Cane 


| . 

| data line change 

| stable: of data 

| data valid | allowed 7Z87019 


Fig. 12 Bit transfer. 


Start and stop conditions 


Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to-LOW transition of the 
data line while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH is defined as the stop condition (P). 


SDA \ / \ / SDA 


be oe eis tl bees eo 
start condition stop condition 


Rey 

| 
| | 
| | 
| | 


7287005 


Fig. 13 Definition of start and stop conditions. 
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System configuration 


A device generating a message is a ‘‘transmitter’’, a device receiving a message is a “‘receiver’’. The 
device that controls the message is the ‘‘master’’ and the devices which are controlled by the master 
are the ‘’slaves’’. 


SDA 
SCL 


MASTER SLAVE MASTER 
SLAVE 
TRANSMITTER / RECEIVER TRANSMITTER / a ete aiden TRANSMITTER / 
RECEIVER RECEIVER RECEIVER 


7287004 


Fig. 14 System configuration. 


Acknowledge 


The number of data bytes transferred between the start and stop conditions from transmitter to 
receiver is not limited. Each byte is followed by one acknowledge bit. The acknowledge bit is a HIGH 
level put on the bus by the transmitter whereas the master generates an extra acknowledge related 
clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception of 
each byte. Also a master must generate an acknowledge after the reception of each byte that has been 
clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line during 
the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of the 
acknowledge related clock pulse, set up and hold times must be taken into account. A master receiver 
must signal an end of data to the transmitter by not generating an acknowledge on the last byte that 
has been clocked out of the slave. In this event the transmitter must leave the data line HIGH to-enable 
the master to generate a stop condition. 


clock pulse for 


start 
acknowledgement 


condition 


SCL FROM 
DATA OUTPUT | 
BY TRANSMITTER : _ 
DATA OUTPUT - 
BY RECEIVER 


7287007 


Fig. 15 Acknowledgement on the I?C bus. 


Note 


The general characteristics and detailed specification of the I?C bus are described in a separate data 
sheet (serial data buses) in handbook: ICs for digital systems in radio, audio and video equipment. 
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PCF8576 [°C bus controller 


The PCF8576 acts as an I?C slave receiver. It does not initiate 1?C bus transfers or transmit data to an 

°C master receiver. The only data output from the PCF 8576 are the acknowledge signals of the selected 
devices. Device selection depends on the I°C bus slave address, on the transferred command data and on 
the hardware subaddress. 


In single device applications, the hardware subaddress inputs AO, Ai and A2 are normally tied to Vss 
which defines the hardware subaddress 0. In multiple device applications AO, A1 and A2 are tied to Vss 
or Vpp according to a binary coding scheme such that no two devices with a common IC slave address 
have the same hardware subaddress. 


In the power-saving mode it is possible that the PCF8576 is not able to keep up with the highest trans- 
mission rates when large amounts of display data are transmitted. If this situation occurs, the PCF8576 
forces the SCL line LOW until its internal operations are completed. This is known as the ‘clock 
synchronization feature’ of the IC bus and serves to slow down fast transmitters. Data loss does not 
occur. 


input filters 


To enhance noise immunity in electrically adverse environments, RC low-pass filters are provided on 
the SDA and SCL lines. 


°C bus protocol 


Two I*C bus slave addresses (0111000 and 0111001) are reserved for PCF8576. The least-significant 
bit of the slave address that a PCF 8576 will respond to is defined by the level tied at its input SAQ 
(pin 10). Therefore, two types of PCF8576 can be distinguished on the same I?C bus which allows: 


(a) up to 16 PCF8576s on the same I?C bus for very large LCD applications; 
(b) the use of two types of LCD multiplex on the same I?C bus. 


The !?C bus protocol is shown in Fig. 16. The sequence is initiated with a start condition (S) from the 
1?C bus master which is followed by one of the two PCF8576 slave addresses available. All PCF8576s 
with the corresponding SAO level acknowledge in parallel the slave address but all PCF 8576s with the 
alternative SAO level ignore the whole I*C bus transfer. After acknowledgement, one or more command 
bytes (m) follow which define the status of the addressed PCF 8576s. The last command byte is tagged 
with acleared most-significant bit, the continuation bit C. The command bytes are also acknowledged 
by all addressed PCF 8576s on the bus. 


After the last command byte, a series of display data bytes (n) may follow. These display data bytes 
are stored in the display RAM at the address specified by the data pointer and the subaddress counter. 
Both data pointer and subaddress counter are automatically updated and the data are directed to the 
intended PCF8576 device. The acknowledgement after each byte is made only by the (AO, A1, A2) 
addressed PCF8576. After the last display byte, the I?C bus master issues a stop condition (P). 
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acknowledge by 
(AO, A1,A2)—selected 
PCF8576 only 


R/W 
lave Pesaran 
slave address Es acknowledge by all 


{addressed PCF8576s_ iy 


1 byte m 2 1 bytes n2 0 bytes 1 
update data pointer 
7291470.1 and, if necessary, 
subaddress counter 


Fig. 16 I?C bus protocol. 


Command decoder 


The command decoder identifies command bytes that arrive on the I?C bus. All available commands 
carry a continuation bit C in their most-significant bit position (Fig. 17). When this bit is set, it indicates 
that the next byte of the transfer to arrive will also represent a command. If the bit is reset, it indicates 
the last command byte of the transfer. Further bytes will be regarded as display data. 


O = last command 
1 = commands continue 


REST OF OPCODE 
msb Isb 
7291471 


Fig. 17 General format of command byte. 


The five commands available to the PCF 8576 are defined in Table 5. 


November 1985 525 


PCF8576 


Command decoder (continued) 
Table 5 Definition of PCF8576 commands 


Defines LCD drive mode 


LCD drive: mode bits M1 MO 


MODE SET | 
ooE static (1 BP) 


1:2 MUX (2 BP) 
oli ofurle[a[wfwo] |1 31x en 
1: 4MUX (4 BP) 


Defines LCD bias configuration 
LCD bias 


1/3 bias 
1/2 bias 
Defines display status 
display status i The possibility to disable the 
display allows implementation 
disabled (blank) 0 of blinking under external 
enabled control 


Defines power dissipation mode 


normal mode 
power-saving mode 


LOAD DATA POINTER Six bits of immediate data, 
i bits P5 P4 P3 P2 P1_ PO | bits P5 to PO, are transferred 


| o| P5 P4 P3 P2 P1 PO}|| —H———_ | to the data pointer to define 


6-bit binary value of 0 to 39 one of forty display RAM 
| addresses 


DEVICE SELECT bit | Ror HS Three bits of immediate data, 
1 bits AO to A2, are transferred 
1 10 O/A2 Al AO en to the subaddress counter to 
3-bit binary value of 0 to 7 define one of eight hardware 
subaddresses 
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BANK SELECT Defines input bank selection 


(storage of arriving display data) 
ic]1 1.11 0/10] 


RAM bit 0 

RAM bit 2 
Defines output bank selection 
(retrieval of LCD display data) 


RAM bit 0 

RAM bit 2 
The BANK SELECT command has 
no effect in 1: 3and 1: 4 multi- 
plex drive modes 


BLINK Defines the blinking frequency 
blink frequency | bits BF1 


blink mode i Selects the blinking mode; 
normal operation with frequency 

normal blinking set by bits BF 1, BFO, or 

alternation blinking blinking by alternation of 
display RAM banks. Alternation 
blinking does not apply in 1:3 
and 1 : 4 multiplex drive modes 


Display controller 


The display controller executes the commands identified by the command decoder. It contains the 
status registers of the PCF8576 and coordinates their effects. The controller is also responsible for loading 
display data into the display RAM as required by the filling order. 
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Cascaded operation 


In large display configurations, up to 16 PCF8576s can be siccinpsiied on the same I7C bus by using 
the 3-bit hardware subaddress (AO, A1, A2) and the programmable I?C slave address (SAO). It is also 
possible to cascade up to 16 PCF8576s. When cascaded, several PCF8576s are synchronized so that they 
can share the backplane signals from one of the devices in the cascade. Such an arrangement is cost- 
effective in large LCD applications since the backplane outputs of only one device need to be through- 
plated to the backplane electrodes of the display. The other PCF8576s of the cascade contribute 
additional segment outputs but their backplane outputs are left open (Fig. 18). 


The SYNC line is provided to maintain the correct synchronization between all cascaded PCF8576s. 
This synchronization is guaranteed after the power-on reset. The only time that SYNC is likely to be 
needed is if synchronization is accidently lost (e.g. by noise in adverse electrical environments; or by 
the definition of a multiplex mode when PCF8576s with differing SAO levels are cascaded). SYNC is 
organized as an input/output pin; the output section being realized as an open-drain driver with an 
internal pull-up resistor. A PCF8576 asserts the SYNC line at the onset of its last active backplane 
signal and monitors the SYNC line at all other times. Should synchronization in the cascade be lost, it 
will be restored by the first PCF8576 to assert SYNC. The timing relationships between the backplane 
waveforms and the SYNC signal for the various drive modes of the PCF8576 are shown in Fig. 19. 


17-56 


| LCD PANEL 
V (up to 2560 
LCD elements) 
5 
1 
| | SYNC 


PCF8576 


BPO — BP3 (open) 


17-56 


HOST 
MICRO— 
PROCESSOR 


40 segment drives 


4 backplanes 
BPO to BP3 


‘y —_ 


Fig. 18 Cascaded PCF8576 configuration. 
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BPO 


SYNC | | | | 


(a) STATIC DRIVE MODE 


BP1 
(Y bias) 


BP1 
(1/3 bias) 


SYNC | | | | 


(b) 1:2 MULTIPLEX DRIVE MODE 


BP2 


SYNC | | | | 


(c) 1:3 MULTIPLEX DRIVE MODE 


BP3 


SYNC | | | | 
(d) 1:4 MULTIPLEX DRIVE MODE 


7Z91481 


Fig. 19 Synchronization of the cascade for the various PCF8576 drive modes. 


For single plane wiring of packaged PCF8576s and chip-on-glass cascading, see application information. 
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RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 

Supply voltage range VoD —0,5to+11V 
LCD supply voltage range VLCD | Vpp—11 to Vpp V 
Input voltage range (SCL; SDA; 

AO to A2; OSC; CLK; SYNC; SAO) V\ Vss ~--0,5 to Vpp + 0,5 V 
Output voltage range (SO to S39; 

BPO to BP3) Vo Vicp--9,5 to Vpp + 0,5 V 
D.C. input current +1 max. 20 mA 
D.C. output current — +10 max. 25 mA 
Vpp. Vss or Vi cp current + Ipp, t'ss,+!Lep max. 50 mA 
Power dissipation per package Prot max. 400 mW 
Power dissipation per output Po max. 100 mW 
Storage temperature range Tstg —65 to+ 150 OC 


D.C. CHARACTERISTICS 
Vss =O V; Vpp = 2 to9 V; VLcp = Vpp—2 to Vpp—9 V; 
Tamb = —40 to + 85 °C; unless otherwise specified 


Operating supply voltage 
LCD supply voltage (note 1) 


Operating supply current (normal mode) 
at feo K = 200 kHz (note 2) 


Power-saving mode supply current 
at Vpp = 3,5 V; Vicp = OV; 
foLK = 35 kHz (note 2) 


LCD supply current (normal mode) 
at fcLK = 200 kHz (note 2) 


Logic 

Input voltage LOW 

Input voltage HIGH 

Output voltage LOW at |g =O mA 
Output voltage HIGH at lo =O mA 


Output current LOW (CLK, SYNC) at 
VoL =10V;Vpp=5V 

Output current HIGH (CLK) at 
VOoH =4,0V; Vpp=5V 

Output current LOW (SDA; SCL) at 
VoL =0,4V;Vpp=5V 


Leakage current (SAO; AO to A2; CLK; 
SCL; SDA) at Vj = Vss or Vpp 
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Leakage current (OSC) 
at V; = Vpp 


Pull-up resistor (SYNC) 
Power-on reset level (note 3) 
Tolerable spike width on bus 
Input capacitance (note 4) 


LCD outputs 


D.C. voltage component (BPO to BP3) 
at Cap = 35 nF 


D.C. voltage component (SO to S39) 
at Co = 5 nF 


Output impedance (BPO to BP3) 
at Vi cp = Vpp-—5 V (note 5) 


Output impedance (SO to S39) 
at Vi cD = Vpp—8 V (note 5) 


A.C. CHARACTERISTICS (note 6) 
Vss = OV; Vpp = 2 to 9 V; VLcp = Vpp—2 to Vpp—9 V: 
Tamb = —40 to + 85 °C; unless otherwise specified 


parameter 
Oscillator frequency (normal mode) 


at Vpp = 5 Vi Rose = 180 kQ 
(note 7) 


Oscillator frequency (power-saving 
mode) at Vpp = 3,5 V; Rose = 1,2 M&2 


CLK HIGH time 

CLK LOW time 

SYNC propagation delay 

SYNC LOW time 

Driver delays with test loads at 
VicpD = Vpp—-5 V 
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A.C. CHARACTERISTICS (continued) 


parameter 


’'C bus high-speed mode 
Bus free time 

Start condition hold time 
SCL LOW time 

SCL HIGH time 


Start condition set-up time 
(repeated start code only) 


Data hold time 
Data set-up time 
Rise time 

Fall time 


Stop condition set-up time 


I?C bus low-speed mode 
Bus free time 

Start condition hold time 
SCL LOW time 

SCL HIGH time 


Start condition set-up time 
(repeated start code only) 


Data hold time 
Data set-up time 
Rise time 

Fall time 


Stop condition set-up time 


Notes to characteristics 


tBUF 
THD; STA 
tLow 
tHIGH 


tSU; STA 
tHD; DAT 
tSU; DAT 
tR 
tr 
tsu; STO 


tBUF 
tHD; STA 
tLow 
THIGH 


tSU; STA 
tHD; DAT 
tSU; DAT 
tR 
tF 
tsU; STO 


. VLep < Vpp—s V for 1/3 bias. 

. Outputs open; inputs at Vgc or Vpp; external clock with 50% duty cycle; I?C bus inactive. 
. Resets all logic when Vpp < VREF. 

. Periodically sampled, not 100% tested. 

. Outputs measured one at a time. 


. All timing values referred to Vj}, and Vj, levels with an input voltage swing of Vss to Vpp. 


NO M7 PB WNO = 


-At fcoiK < 125 kHz, I?C bus maximum transmission speed is derated. 
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STNG 68k2 ' 
(pin 3) (2%) ac 
BPO to BP3 SO to $39 
ins 13 to 16 i 7 
(pi )  Noag * 25 HA (pins 17 to 56) a Nioag © 15 HA 
7Z91472.2 
Fig. 20 Test loads. 
1 
SS $$$ 
CLK 
+m_§_— tco.KH ———| <x -—_—-— TCLKL ——___»> 
0,7 Vpop 
CLK 
0,3 Vpp 
0,7 Vpp 
SYNC a i 0,3 VDD 
tpSYNC 
<«———. ts yncL-—-——> 
~ 0,5V 
BPO to BP3 A 
SO to S39 ) (Vpp =5V) 
0,5V 
~~ tpLcbD —_> i 7291473.1 


Fig. 21 Driver timing waveforms. 
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‘BUF —> 
SCL 
—>| tHD;sTA !<— (= —! tHiGH 
tp —> <— — <—— 
‘HD ;DAT tsu;DAT 
SDA 
7287013.1 — t <— ee —— 
SU;STA tsu;STO 
Fig. 22 I?C bus high-speed mode timing waveforms. 
SDA 
<> SUF 
SCL 
— >! THD:STA <— 2) | ee ee TAG ee ae ee US DAT: 
tR —> Le 
THD;DAT 
SDA 
7Z287015.1 Ki Tsu sTA ae <— 
SU;STO 


Fig. 23 I?C bus low-speed mode timing waveforms. 
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7280830 


cre ee ae 
vy ee Oe ee 


f frame (Hz) 


frame (Hz) 
(a) Vpp =5V; VicpD =0V; Tamb = 25 oC. (b) Vpop=5V; Vicp =9 V; Tamb = 25 OC. 


7280832 


normal mode 
foLkK = 200 kHz 


Pe Ale eae 
Fei mode 
CLK ~— 
- aie 


0 5 Vpp (V) 10 5 Vpp (V) 10 
(c) Vicp = 0 V; external clock; (d) Vi cp = 0 V; external clock; 
Tamb = —40 to + 85 °C. foLK = nominal frequency. 


Fig. 24 Typical supply current characteristics. 
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eft] NUE Css ee ee 
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Poe ee 
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ELL EY ELE (Eee 
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(a) Viep =OV; Tamb = 25 °C. (b) Vpp= 5V; VLCD =OV. 


Fig. 25 Typical characteristics of LCD outputs. 
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Fig. 26 Single plane wiring of packaged PCF85/6s. 
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Chip-on-glass cascadability in single plane 


In chip-on-glass technology, where driver devices are bonded directly onto the glass of the LCD, it is 
important that the devices may be cascaded without the crossing of conductors, but the paths of 
conductors can be continued on the glass under the chip. All of this is facilitated by the PCF8576 
bonding pad layout (Fig. 27). Pads needing bus interconnection between all PCF8576s of the cascade 
are Vpp, Vss, CLK, SCL, SDA and SYNC. These lines may be led to the corresponding pads of the 
next PCF8576 through the wide opening between the VtLCp pad and the backplane output pads. 
The only bussed line that does not require a second opening to lead through to the next PCF8576 is 
Vticp, being the cascade centre. The placing of V; cp adjacent to Vss allows the two supplies to be 
tied together. 


Fig. 28 shows the connection diagram for a cascaded PCF8576 application with single plane wiring. 
Note the use of the open space between the V; cp pad and the backplane output pads to route Vpp, 
Vss, CLK, SCL, SDA and SYNC. The external connections may be made to either end of the cascade, 
wherever most convenient for the connector. 


When an external clocking source is to be used, OSC of all devices should be tied to Vpp. The pads 
OSC, AO, A1, A2 and SAO have been placed between Vss and Vpp to facilitate wiring of oscillator, 
hardware subaddress and slave address. 
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APPLICATION INFORMATION (continued) 
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Fig. 27 PCF8576 bonding pad locations. 
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Bonding pad locations 
All x/y coordinates are referenced to left-hand bottom corner (0/0, Fig. 27). 


Dimensions in um 


bottom 


top 
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Fig. 28 Chip-on-glass application; cascaded PCF8576s with single-plane wiring (viewed from back of chip). 
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Purchase of Philips’ I2C components conveys a license under the 
Philips’ IC patent to use the components in the I?C-system provided 
the system conforms to the !?C specifications defined by Philips. 
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This data sheet contains advance information and 
specifications are subject to change without notice. 
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LCD DIRECT/DUPLEX DRIVER WITH I?C BUS INTERFACE 


GENERAL DESCRIPTION 


The PCF85/77 is a single chip, silicon gate CMOS circuit. It is designed to drive liquid crystal displays 
with up to 32 segments directly, or 64 segments in a duplex manner. 


The two-line |? C bus interface substantially reduces wiring overheads in remote display applications. 
Bus traffic is minimized in multiple 1C applications by automatic address incrementing, hardware sub- 
addressing and display memory switching (direct drive mode). 


The PCF8577 and PCF8577A differ only in their slave address. 
Features 


Direct/duplex drive modes with up to 32/64 LCD-segment drive capability per device 
Operating supply voltage: 2,5 to 9 V 

Low power consumption 

|7C bus interface 

Optimized pinning for single plane wiring 

Single-pin built-in oscillator 

Auto-incremented loading across device sub-address boundaries 
Display memory switching in direct drive mode 

May be used for I? C bus output expander 

System expansion up to 256 segments (512 segments with PCF8577A) 
Power-on-reset sets all segments off (to blank) 


S32 


ae SEGMENT BYTE 
12¢ BUS INPUT \2c BUS REGISTERS as che 
FILTERS CONTROLLER AND Saute 
MULTIPLEX 
SDA DRIVERS $1 
BP1 
A2/BP2 
Al 
A0/OSC 
Vop 
PCF8577 CONTROL REGISTER 
PCF8577A ANG 
COMPARATOR DIVIDER 
Vss 
7287556.2 
Fig. 1 Block diagram. 
PACKAGE OUTLINES 
PCF8577P, PCF8577AP: 40-lead DIL; plastic (SOT-129). 
PCF8577T, PCF8577AT: 40-lead mini-pack; plastic (VSO-40; SOT-158A). 
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PINNING 


: SDA. | 
ces Suppl : | | 
139) SCL aaa ea | 
: 35 Vpp positive supply 

Vss 38 Vss negative supply 
AO/OSC 6 bus 
= 40 SDA |? bus data line 
Vop 39 = SCL |? bus clock line 
BP1 36 Al hardware address line 


~ 37 A0/OSC hardware address line/oscillator pin 


| S2 Outputs 
PCF 8577 
PCF8577A $3 1 — 32 S1-—S32 segment outputs 
ce Input — Output 
S5 34 A2/BP2 harware address line/cascade sync 
2 | input/backplane output 
33 BP1 _ cascade sync input/backplane output 


$7 
$8 
$9 
$10 
$11 


$12 


7Z87557.1 


Fig. 2 Pinning diagram. 


FUNCTIONAL DESCRIPTION 
Hardware sub-address AO, A1, A2 


The hardware sub-address lines AO, A1, A2 are used to program the device sub-address for each PCF8577 
on the bus. Lines AO and A2 are shared with OSC and BP2 respectively to reduce pin-out requirements. 


AO/OSC Line AO is defined as LOW (logic 0) when this pin is used for the local oscillator or when 
connected to Vss. Line AO is defined as HIGH (logic 1) when connected to Vpp. 


Al Line A1 must be defined as LOW (logic 0) or as HIGH (logic 1) by connection to Vss or Vpp 
respectively. 


A2/BP2_ In the direct drive mode the second backplane signal BP2 is not used and the A2/BP2 pin is 
exclusively the A2 input. Line A2 is defined as LOW (logic 0) when connected to Vssg or, 
if this is not possible, by leaving it unconnected (internal pull-down). Line A2 is defined as 
HIGH (logic 1) when connected to Vpp. 


In the duplex drive mode the second backplane signal BP2 is required and the A2 signal is 
undefined. In this mode device selection is made exclusively from lines AO and A1. 
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Oscillator AO/OSC 


The PCF8577 has a single-pin built-in oscillator which provides the modulation for the LCD segment 
driver outputs. One external resistor and one external capacitor are connected to the AO/OSC pin to 
form the oscillator. In an expanded system containing more than one PCF8577 the backplane signals 
are usually common to all devices and only one oscillator is needed. The devices which are not used for 
the oscillator are put into the expansion mode by connecting the AO/OSC pin to either Vpp or Vss 
depending on the required state for AO. In the expansion mode each PCF8577 is synchronized from the 
backplane signal (s). 


User-accessible registers 


There are nine user-accesible 1-byte registers. The first is a control register which is used to control the 
loading of data into the segment byte registers and to select display options. The other eight are segment 
byte registers, split into two banks of storage, which store the segment data. The set of even numbered 
segment byte registers is called BANK A. Odd numbered segment byte registers are called BANK B. 


There are two slave addresses, one for PCF8577, and one for PCF8577A (see Fig. 14). All addressed 
devices load the second byte into the control register and each device maintains an identical copy of 
the control byte in the control register at all times (see |7C bus protocol Fig. 15). 


The control register is shown in more detail in Fig. 3. The least-significant bits select which device and 
which segment byte register are loaded next. This part of the register is therefore called the Segment 
Byte Vector (SBV). 


The upper three bits of the SBV (V5 to V3) are compared with the hardware sub-address input signals 
A2, A1 and AO. If they are the same then the device is enabled for loading, if not the device ignores 
incoming data but remains active. 


The three least-significant bits of the SBV (V2 to VO) address one of the segment byte registers within 
the enabled chip for loading segment data. 


ee pace. -_ SEGMENT BYTE eer 
DISPLAY 


CONTROL SEGMENT BYTE VECTOR (SBV) 


DEVELOPMENT DATA 


msb \Isb msb Isb 


segment byte 


~~ : 
(1) (1) BANK ’A 
| a ee 
comparison 
SRLS 
; 1 
ee BANK ‘B’ 


0 | DIRECT DRIVE 
a DUPLEX DRIVE 


_ Fig. 3 PCF8577 register organization. 


pispLAY (1) Bits ignored in duplex mode. 
DE 7Z87558.1 
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FUNCTIONAL DESCRIPTION (continued) 


The control register also has two display control bits. These bits are named MODE and BANK. The 
MODE bit selects whether the display outputs are configured for direct or duplex drive displays. 
The BANK bit allows the user to display BANK A or BANK B. 


Auto-incremented loading 


After each segment byte is loaded the SBV is incremented automatically, thus auto-incremented 
loading occurs if more than one segment byte is received in a data transfer. 


Since the SBV addresses both device and segment registers, auto-incremented loading may proceed 
across device boundaries provided that the hardware sub-addresses are arranged contiguously. 


Direct drive mode 


The PCF85/77 is set to the direct drive mode by loading the MODE control bit with logic 0. In this — 
mode only four bytes are needed to store the data for the 32 segment drivers. Setting the BANK bit to 
logic O selects even bytes (BANK A); setting the BANK bit to logic 1 selects odd bytes (BANK B). 


In the direct drive mode the SBV is auto-incremented by two after the loading of each segment byte 
register. This means that auto-incremented loading of BANK A or BANK B is possible. Either bank may 
be completely or partially loaded irrespective of which bank is being displayed.. Direct drive output 
waveforms are shown in Fig. 4. 


Segment X 
(SX) 


2(Vpp — Vss} 


VON = VDD — Vss 
fLep 7Z287559.1 VOFF=0 


Fig. 4 Direct drive mode display output waveforms. 


Duplex mode 


The PCF8577 is set to the duplex mode by loading the MODE bit with logic 1. In this mode a second 
backplane signal (BP2) is needed and pin A2/BP2 is used for this; therefore A2 and its equivalent SBV 
bit V5 are undefined. The SBV auto-increments by one between loaded bytes. 


All of the segment bytes are needed to store data for the 32 segment drivers and the BANK bit is 
ignored. 


Duplex mode output waveforms are shown in Fig. 5. 
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OFF /OFF ON /OFF OFF /ON ON/ON 


Vane: ease 
Vsg —————————__--—— 


Segment X 
(SX) 
Vss 


2 (Vpp — Vss) Ju, 7, ot BP1—SX 


BP 1 


Vpp 


<{ 
Q fiep 7 Z87560.1 
_ 
za 
= 
5 Von = 0,79 (Vpp — Vgs) 
w VoFF = 0,35 (Vpp — Vss) 
Lu V 
a = = 2,26 
VOFF 


Fig. 5 Duplex mode display output waveforms. 
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CHARACTERISTICS OF THE 12C BUS 


The I*C bus is for 2-way, 2-line communication between different |Cs or modules. The two lines are 
a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a positive supply 
via a pull-up resistor when connected to the output stages of a device. Data transfer may be initiated 
only when the bus is not busy. 


Bit transfer 


One data bit is transferred during each clock pulse. The data on the SDA line must remain stable — 
during the HIGH period of the clock pulse as changes in the ai line at this time will be interpreted 
as control signals. 


I 

| data line | change 

{ stable: | of data 

| data valid | allowed 7287019 


Fig. 6 Bit transfer. 


Start and stop conditions 


Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to- LOW transition of the 
data line, while the clock is HIGH is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH is defined as the stop condition (P). 


prea .  rpeesanee. 
aes | . eee aves 

| | | | 

SDA | | | | SDA 
| -—— | 
| | ' | | 

SCL | | | | SCL 
oe ed 
Pout ee 

start condition stop condition 


7287005 
Fig. 7 Definition of start and stop conditions. 


System configuration — 


A device generating a message is a ‘‘transmitter’’, a device receiving a message is the “‘receiver’’. The 
device that controls the message is the “master” and the devices which are controlled by the master 
are the “’slaves’’. 


SDA 


MASTER SLAVE MASTER 
M R 
TRANSMITTER/ coro TRANSMITTER/ = ee a TRANSMITTER / 
RECEIVER | RECEIVER RECEIVER 


7Z87004 


Fig. 8 System configuration. 
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LCD direct/duplex driver with |*C bus interface 


Acknowledge 


The number of data bytes transferred between the start and stop conditions from transmitter to 
receiver is not limited. Each byte is followed by one acknowledge bit. The acknowledge 

bit isa HIGH level put on the bus by the transmitter whereas the master generates an extra acknowledge 
related clock pulse. A slave receiver which is addressed must generate an acknowledge after the reception 
of each byte. Also a master must generate an acknowledge after the reception of each byte that has been 
clocked out of the slave transmitter. The device that acknowledges has to pull down the SDA line during 
the acknowledge clock pulse, so that the SDA line is stable LOW during the HIGH period of the 
acknowledge related clock pulse, set up and hold times must be taken into account. A master receiver 
must signal an end of data to the transmitter by not generating an acknowledge on the last byte that 
has been clocked out of the slave. In this event the transmitter must leave the data line HIGH to enable 
the master to generate a stop condition. 


start clock pulse for 
condition acknowledgement 


SCL FROM 
MASTER | 1 2 8 9 

| 
| =— 

DATA OUTPUT | 

BY TRANSMITTER | 
, ea 

S 
DATA OUTPUT ~~ 

BY RECEIVER 


7287007 


Fig. 9 Acknowledgement on the |?C bus. 


Timing specifications 
Within the I?C bus specifications a high-speed mode and a low-speed mode are defined. The PCF8577 
operates in both modes and the timing requirements are as follows: 


High-speed mode 


Masters generate a bus clock with a maximum frequency of 100 kHz. Detailed timing is shown in 
Fig. 10. 


~ ; | | 
<— BUF —> | 
—_—>P, <_ 


SCL 


—~!' tHiGgH 


—! tup-:sta I<— 


tr —> <«— — <_—- 
"HD ;DAT tsu;DAT 
SDA 
7Z87013.1 mad t ae ee er 
SU;STA tsu;STO 


Fig. 10 Timing of the high-speed mode. 
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CHARACTERISTICS OF THE I*C BUS (continued) 


Where: 

tBUF t2tLoOWmin The minimum time the bus must be free before a new 
transmission can start 

tHD: STA t2tHiGHmin Start condition hold time 

tLOWmin 4,7 us Clock LOW period 

tHiGHmin 4 us Clock HIGH period 

tSU: STA t 2 tLOWmin Start condition set-up time, only valid for repeated start code 

tHD: DAT t2Ous Data hold time 

tSU; DAT t 2 250 ns Data set-up time 

tr t<1us Rise time of both the SDA and SCL line 

tr t < 300 ns Fall time of both the SDA and SCL line 

tsu: STO t2tLowWmin Stop condition set-up time 

Note 


All the timing values referred to Vjyj and Vj__ levels with a voltage swing of Vgs to Vpp. 
SDA is a on. i ‘ 


START ADDRESS R/W_ ACK DATA ACK START ADDRESS R/W ACK STOP 
_ CONDITION CONDITION 


7287014 


Fig. 11 Complete data transfer in the high-speed mode. 


Where: 


Clock t1 OWmin 4,7 us 
tHIGHmin 4 us 
The dashed line is the acknowledgement of the receiver 
Mark-to-space ratio 1: 1 (LOW-to-HIGH) 
Max. number of bytes unrestricted 
Premature termination of transfer _allowed by generation of STOP condition 
Acknowledge clock bit must be provided by the master 
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Low-speed mode 


Masters generate a bus clock with a maximum frequency of 2 kHz; a minimum LOW period of 105 us 
and a minimum HIGH period of 365 us. The mark-to-space ratio is 1 : 3 LOW-to-HIGH. Detailed 
timing is shown in Fig. 12. | 


<— tguF —> 


SCL 
— >! THD;STA el j<——————  tH1GH | to — tu DAT 
tp —> bes 
"HD ;DAT 
SDA 
7Z87015.1 —*" SU;STA 1 ~ tsu-sto 

: Fig. 12 Timing of the low-speed mode. 
a) 
5 Where: 
s tBUF t > 105 us (t_OWmin) 
rs tHD: STA t > 365 us (ty|GHmin) 
r tLOWw 130 us + 25 us 
rat tHIGH 390 us + 25 us 

tSU: STA 130 us + 25 yus* 

tHD; DAT t=Ous 

tsu: DAT t 2 250 ns 

tr t<1us 

tr t < 300 ns 

tsu: STO 130 us + 25 us 

Note 


All the timing values referred to Vj} and Vj\_ levels with a voltage swing of Vss to Vpp, for definitions 
see high-speed mode. 


* Only valid for repeated start code. 
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CHARACTERISTICS OF THE !?C BUS (continued) 
oT [OVE 7 


START START BYTE DUMMY REPEATED ADDRESS ACKNOWLEDGE STOP 
CONDITION ACKNOWLEDGE START . CONDITION 
CONDITION 7Z87016 


Fig. 13 Complete data transfer in the low-speed mode. 


Where: 
Clock tLoWmin 130 ws + 25 us 
tuiGHmin 390 us + 25 us 
Mark-to-space ratio 1: 3 (LOW-to-HIGH) 
Start byte 0000 0001 
Maximum number of bytes 6 
Premature termination of transfer not allowed 
Acknowledge clock bit must be provided by master 
Note 


The general characteristics and detailed specification of the IC bus are described in a separate data 
sheet (serial data buses) in handbook: ICs for digital systems in radio, audio and video equipment. 


ADDRESSING 


Before any data is transmitted on the |?C bus, the device which should respond is addressed first. The 
addressing is always done with the first byte transmitted after the start procedure. 


Slave address 
The slave address for PCF8577 and PCF8577A are shown in Fig. 14. 


fl 


0 
SLAVE ADDRESS E SLAVE ADDRESS 
72Z87561.2 


(a) PCF8577. (b) PCF8577A. 


Fig. 14 PCF8577 and PCF8577A slave addresses. 
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17C bus protocol 
The PCF8577 |?C bus protocol is shown in Fig. 15. 


acknowledge by acknowledge by acknowledge by 
all PCF 8577 all PCF 8577 selected PCF 8577 only 


sb 


| | msb 
a|< SEGMENT 
za 
SLAVE ADDRESS AISIZ| ayte vector |A] SEGMENT DATA [A 


R/w /—— control byte-——_1 L—— n bytes —_—_— 


auto increment 
segment byte vector 
7287553.2 


Fig. 15 1*C bus protocol. 


The PCF8577 is a slave receiver and has a fixed slave address (Fig. 14). All PCF8577 on the same bus 
acknowledge the slave address in parallel. The second byte is always the control byte and is loaded into 
the control register of each PCF8577 on the bus. Subsequent data bytes are loaded into the segment 
registers of the selected device. Any number of data bytes may be loaded in one transfer and in an 
expanded system rollover of the SBV from 111 111 to 000 000 is allowed. !f a stop (P) condition is 
given after the control byte acknowledge the segment data remains unchanged. This allows the BANK 
bit to be toggled without changing the segment register contents. During loading of segment data only 
the selected PCF8577 gives an acknowledge. Loading is terminated by generating a stop (P) condition. 


DISPLAY MEMORY MAPPING 


The mapping between the eight segment registers and the segment outputs S1 to $32 is shown in 
Tables 1 and 2. 


Since only one register bit per segment is needed in the direct drive mode, the BANK bit allows 
swapping of display information. If BANK is set to logic 0 even bytes (BANK A) are displayed; if 
BANK is set to logic 1 odd bytes (BANK B) are displayed. BP1 is always used for the backplane outpu 
in the direct drive mode. | 


Table 1 Segment byte — segment driver mapping in the direct drive mode. 


SEGMENT 
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” io) 
Ww NO 
i=) NO 
io) op) 
NO NO 
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Mapping example: bit 0 of register 7 controls the LCD segment S25 if BANK bit is a logic 1. 
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DISPLAY MEMORY MAPPING (continued) 


Even bytes (BANK A) correspond to backplane 1 (BP1) and odd bytes (BANK B) correspond to back- 
plane 2 (BP2). 


Table 2 Segment byte — segment driver mapping in the duplex mode. 


MSB 


bal el 
~ 


NIinIN 
—_ {om | 
o1 | O1 


om 
sia [sia [siz [sit 
sie [sis [sia [sn 
S18 
310 


NO 
op) 
NO 
NO 
oO 


A 
ie) 
— 
g 
ie) 
© 
A 
NO 
<o) 


X = don’t care. Mapping example: bit 7 of register 5 controls the LCD 
segment S24/BP2. 

RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage range VDp —0,5 to 11 V 

- Voltage on any pin Vi Vss — 0,8 to Vpp + 0,8 V 

| D.C. input current +1) max. 20 | mA 
D.C. output current tlo max. 25 mA 
Vpp or Vsg current tIpp, Iss max. 50 mA 
Power dissipation per package | Prot max. 500* mW 
Power dissipation per output P max. 100 mW 
Operating ambient temperature range Tamb —40 to +85 — 
Storage temperature range T stg —65 to +150 oC 


* Derate 7,7 mW/K when Tamb > 60 °C. 
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CHARACTERISTICS | 
Vpp = 2,5 to 9 V; Vss = 0 V; Tamb = —40 to + 85 OC unless otherwise specified 


parameter symbol} min. 


Supply voltage VDD 2,5 


Supply current 
fsc_ = 100 kHz; no load; Rosc = 1 MQ IDD - 
fsc_ = 0; no load; Rosc = 1MQ;Vpp=5V; | 
Tamb = 250C | ‘OD > 


Power-on-reset level* * VREF — 
Input SCL; input/output SDA 
input voltage LOW VIL 0 
input voltage HIGH VI 2,0 
output current LOW at Vo, =0,4 V IOL 3,0 
output leakage current HIGH at VoH = Vpp IOH — 
tolerable spike width on bus tsw _— 
x input capacitance at Vj = Vss C} — 
> Ai input leakage current at Vj = Vss or Vpp I _ 
Q 
- A2/BP2 input current at Vj = Vpp I — 
a AO/OSC input current at Vj = Vss or Vpp af — 
& DC component of LCD driver +VBp — 
aT Segment loads Csx -- 
rf RSx 1 
QO 
Segment output current 
at VoL =0,4V;Vpp=5V lIOL 0,3 
Segment output current 
at VOH = Vpp —0,4V;Vpp =5V | —-IOH | 03 
Backplane load (direct drive) Cpep — 
Rpp 100 
Backplane loads (duplex drive) Cpp — 
Rep 100 
Rise and fall times (Vpp — Vsx) 
at maximum load tr, tf — — 200 Us 
Display frequency 
at Cosc = 680 pF; Rosc = 1 MQ fLCD 65 90 120 Hz 


* Vpp = 5 V; Tamb = 25 OC. 
** The power-on-reset circuit resets the 1?C bus logic with Vpp < VR_EF. 


March 1985 555 


955 


APPLICATION INFORMATION 


070 
OO 
Oo 
OO 
2 eae 
> N 


= 
50) 

3 

Zz 
ook 
ee) 
oO 
o 


DIRECT DRIVE LCD DISPLAY backplane 
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256 
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device sub-address 
A2.A1.A0= 111 


ee 7287554.1 


device sub-address 
A2.A1.A0= 000 


device sub-address 
A2.A1.A0= 001 


(1) The series resistance of the display backplane must be greater than 1 22. 


Fig. 16 Direct drive display; expansion to 256 segments using eight PCF8577. 
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DUPLEX LCD DISPLAY 


$2 


device sub-address 
A1.A0= 01 


device sub-address 
Ai.A0=00 


(1) The series resistances of the display backplanes must be greater than 1 kQ2. 


Fig. 17 Duplex display; expansion to 2 x 128 segments using four PCF8577. 
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APPLICATION INFORMATION (continued) — 


32 output lines 
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device sub — address 
A2, A1, AO = 000 


(7287562 ; expansion 


Notes 


1. MODE bit must always be set to 0 (direct drive) 

2. BANK switching is permitted 

3. BP1 must always be connected to Vss and AO/OSC must be 
connected to either Vpp or Vss (no LCD modulation) 


Fig. 18 Use of PCF8577 as 32-bit output expander in |? C bus application. 


Purchase of Philips’ 1*C components conveys a license under the 
Philips’ |? C patent to use the components in the |? C-system provided 
the system conforms to the I*C specifications defined by Philips. 
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8-BIT A/D AND D/A CONVERTER 


GENERAL DESCRIPTION 


The PCF8591 is a single chip, single supply low power 8-bit CMOS data acquisition device with four 
analogue inputs, one analogue output and a serial |7C bus interface. Three address pins AO, A1 and A2 
are used for programming the hardware address, allowing the use of up to eight devices connected to 
the 17C bus without additional hardware. Address, control and data to and from the device are 
transferred serially via the two-line bidirectional bus (I7C). 


The functions of the device include analogue input multiplexing, on-chip track and hold function, 
8-bit analogue-to-digital conversion and an 8-bit digital-to-analogue conversion. The maximum conversion 
rate is given by the maximum speed of the I?C bus. 


FEATURES 


Single power supply 

Operating supply voltage 2,5 V to 6 V 

Low standby current 

Serial input/output via |7C bus 

Address by 3 hardware address pins 

Sampling rate given by |*C bus speed 

4 analogue inputs programmable as single-ended or differential inputs 
Auto-incremented channel selection 

Analogue voltage range from Vss to Vpp 
On-chip track and hold circuit 

8-bit successive approximation A/D conversion 
Multiplying DAC with one analogue output 


APPLICATIONS 


Closed loop control systems; low power converter for remote data acquisition; battery operated 
equipment; acquisition of analogue values in automotive, audio and TV applications. 


PACKAGE OUTLINES 


PCF8591P:16-lead DIL; plastic (SOT-38). 
PCF8591T:16-lead mini-pack; plastic (SO-16L; SOT-162A). 
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Fig. 1 Block diagram. 


8-bit A/D and D/A converter | PCF8591 


PINNING 
1. AINO 
2. AIN1 analogue inputs 
3. AIN2 (A/D converter) 
4. AIN3 
5. AO | 
6. Al ' hardware address 
PCF8591 7. A2 | 
8. Vss negative supply voltage 
9. SDA |27C bus data input/output 
10. SCL |?C bus clock input/output 
11. OSC oscillator input/output 
12. EXT external/internal switch for oscillator input 
13. AGND analogue ground 
7Z80959.1 14. Vref voltage reference input 
15. AOUT analogue output (D/A converter) 
Fig. 2 Pinning diagram. 16 Vpp positive supply voltage 


FUNCTIONAL DESCRIPTION 


Adressing 


Each PCF8591 device in an IC bus system is activated by sending a valid address to the device. The 
address consists of a fixed part and a programmable part. The programmable part must be set according 
to the address pins AO, A1 and A2. The address always has to be sent as the first byte after the start 
condition in the |*C bus protocol. The last bit of the address byte is the read/write-bit which sets the 
direction of the following data transfer (see Figs 3 and 10). 


DEVELOPMENT DATA 


MSB LSB 
ABE e Ea 


fixed part programmable part 7Z80960 


Fig. 3 Address byte. 


Control byte 


The second byte sent to a PCF8591 device will be stored in its control register and is required to 
control the device function. 


The upper nibble of the control register is used for enabling the analogue output, and for programming 
the analogue inputs as single-ended or differential inputs. The lower nibble selects one of the analogue 
input channels defined by the upper nibble (see Fig. 4). |f the auto-increment flag is set the channel 
number is incremented automatically after each A/D conversion. 


The selection of a non-existing input channel results in the highest available channel number being 
allocated. Therefore, if the auto-increment flag is set, the next selected channel will be always channel 0. 
The most significant bits of both nibbles are reserved for future functions and have to be set to 0. 

After a power-on reset condition all bits of the control register are reset to 0. The D/A converter and 
the oscillator are disabled for power saving. The analogue output is switched to a high impedance state. 
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MSB , LSB 


rele tf x [ele [x [x] common 


- A/D CHANNEL NUMBER: 
00 channel 0 
01 channel 1 
10 channel 2 
11 channel 3 
, AUTOINCREMENT FLAG: | 


(switched on if 1) 


cL 


ANALOGUE INPUT PROGRAMMING: 


00 Four single ended inputs 


AINQ ——————— channel 0 
AIN1. ————————- channel 1 
AIN2. ——————-. channel 2 
AIN3 ————— channel 3 


01 Three differential inputs 


AINO 
es channel 0 
AIN1 
; Rie channel 1 
AIN2 
Cie. channel 2 
AIN3 


10 Single ended and differential mixed 


AINO ——————""""——— channel 0 
AIN1 channel 1 


channel 2 
AIN3 
11 Two differential inputs 


AINO 
channel 0 
AIN1 


AIN2 
AIN3 


channel 1 


ANALOGUE OUTPUT ENABLE FLAG: 
(analogue output active if 1) 7Z80961 


Fig. 4 Control byte. 


562 August 1986 


DEVELOPMENT DATA 


8-bit A/D and D/A converter | 


D/A conversion 


~ PCF8591 


The third byte sent to a PCF8591 device is stored in the DAC data register and is converted to the 
corresponding analogue voltage using the on-chip D/A converter. This D/A converter consists of a 
resistor divider chain connected to the external reference voltage with 256 taps and selection switches. 
The tap-decoder switches one of these taps to the DAC output line (see Fig. 5). 


The analogue output voltage is buffered by an auto-zeroed unity gain amplifier. This buffer amplifier 
may be switched on or off by setting the analogue output enable flag of the control register. In the 
active state the output voltage is held until a further data byte is sent. 


The on-chip D/A converter is also used for successive approximation A/D conversion. In order to 
release the DAC for an A/D conversion cycle the unity gain amplifier is equipped with a track and 
hold circuit. This circuit holds the output voltage while executing the A/D conversion. 


The output voltage supplied to the analogue output AOUT is given by the formula shown in Fig. 6. 
The waveforms of a D/A conversion sequence are shown in Fig. 7. 


DAC OUT 


VREF 


DECODER 


DO 


AGND 


7280962 


Fig.5 DAC resistor divider chain. 
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MS LSB 7Z80963 


B 
DAC data 
o7 |e] 0s] o4 | 62 | 52] 01 | 00} rapier 


Vrep-~Vacno 4. i 
Vaout = Vaanp + pee Di x 2 
i= 


VAOUT 
Vpp 
VREF 


00 01 02 03 04 FE FF HEX CODE 


Fig. 6 DAC data and d.c. conversion characteristics. 


PROTOCOL 


| s'| ADDRESS POs ae, CONTROL BYTE _ DATA BYTE 1 DATA BYTE 2 


VAOUT 


VALUE OF 
DATA BYTE 1 


eee eee ae ae PREVIOUS VALUE 
HELD IN DAC 
REGISTER 


HIGH IMPEDANCE STATE OR 
PREVIOUS VALUE HELD IN DAC REGISTER 


7Z80964 ae time 


Fig. 7 D/A conversion sequence. 
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A/D conversion 


The A/D converter makes use of the successive approximation conversion technique. The on-chip D/A 
converter and a high gain comparator are used temporarily during an A/D conversion cycle. 


An A/D conversion cycle is always started after sending a valid read mode address to a PCF8591 device. 
The A/D conversion cycle is triggered at the trailing edge of the acknowledge clock pulse and is 
executed while transmitting the result of the previous conversion (see Fig. 8). 


Once a conversion cycle is triggered an input voltage sample of the selected channel is stored on the 
chip and is converted to the corresponding 8-bit binary code. Samples picked up from differential 
inputs are converted to an 8-bit two’s complement code (see Fig. 9). The conversion result is stored 
in the ADC data register and awaits transmission. If the auto-increment flag is set the next channel is 
selected. 


The first byte transmitted in a read cycle contains the conversion result code of the previous read cycle. 
After a power-on reset condition the first byte read is a hexadecimal 80. The protocol of an I*C bus 
read cycle is shown in Fig. 10. 


The maximum A/D conversion rate is given by the actual speed of the I7C bus. 


< 

f= 

<< 

a 

-_ 

a 

LJ 

= — 23: -_ 

a 

(@) SDA 

pr | 

Lu 

ff 7280965 

OQ SAMPLING SAMPLING SAMPLING 
BYTE 1 BYTE 2 BYTE 3 
CONVERSION CONVERSION CONVERSION 
OF BYTE 1 OF BYTE 2 OF BYTE 3 

+ {+} 

TRANSMISSION TRANSMISSION TRANSMISSION 
OF PREVIOUSLY OF BYTE 1 OF BYTE 2 


CONVERTED BYTE 


Fig. 8 A/D conversion sequence. 


August 1986 565 


PCF8591 


aane | 7Z80966 


FR pp —— 


ont VReF ~ VAGND 
LSB ~ 256 


FE 


04 
03 
02 
01 
00 
Oe SE ee cet 254 255 Vain — VAGND 
VLSB 


Fig. 9a A/D conversion characteristics of single-ended inputs. 


HEX 


7280967 


a oe ee VAIN + ~ VAIN— 


VLSB 


| _ Vrer ~ VAGND 
VLSB = 256 


Fig. 9b A/D conversion characteristics of differential inputs. 
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Reference voltage 


For the D/A and A/D conversion either a stable external voltage reference or the supply voltage has to 
be applied to the resistor divider chain (pins VReF and AGND). The AGND pin has to be connected 
to the system analogue ground and may have a d.c. off-set with reference to Vss. 


A low frequency may be applied to the VRefF and AGND pins. This allows the use of the D/A conver- 
ter as a one-quadrant multiplier; see Application Information and Fig. 6. 


The A/D converter may also be used as a One or two quadrant analogue divider. The analogue input 
voltage is divided by the reference voltage. The result is converted to a binary code. In this application 
the user has to keep the reference voltage stable during the conversion cycle. 


Oscillator 


An on-chip oscillator generates the clock signal required for the A/D conversion cycle and for refreshing 
the auto-zeroed buffer amplifier. When using this oscillator the EXT pin has to be connected to Vss. 
At the OSC pin the oscillator frequency is available. 


lf the EXT pin is connected to Vpp the oscillator output OSC is switched to a high impedance state 
allowing the user to feed an external clock signal to OSC. 


Bus protocol 


After a start condition a valid hardware address has to be sent to a PCF8591 device. The read/write 

bit defines the direction of the following single or multiple byte data transfer. For the format and the 
timing of the start condition (S), the stop condition (P) and the acknowledge bit (A) refer to the 

1?C bus characteristics. In the write mode a data transfer is terminated by sending either a stop condition 
or the start condition of the next data transfer. 


<x 
~ 
< 
a) 
= 
= 
LJ 
= 
Qa. 
Oo 
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LL 
> 
LL 
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Acknowledge Acknowledge Acknowledge 
from PCF8591 from PCF8591 from PCF8591 


ADDRESS 0 CONTROL BYTE DATA BYTE 


N=0toM 
DATA BYTES 7280968 
Fig. 10a Bus protocol for write mode, D/A conversion. 
Acknowledge Acknowledge No acknowledge 


from PCF8591 from master 


7Z80969 


N=0toM 
DATA BYTES 


Fig. 10b Bus protocol for read mode, A/D conversion. 
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CHARACTERICS OF THE 1I*C BUS 


The I*C bus is for bidirectional, two-line communication between different |Cs or modules. The two 
lines are a serial data line (SDA) and a serial clock line (SCL). Both lines must be connected to a 
positive supply via a pull-up resistor. Data transfer may be initiated only when the bus is not busy: 


Bit transfer 

One data bit is transfered during each clock pulse. The data on the SDA line must remain stable during 
the HIGH period of the clock pulse as changes in the data line at this time will be interpreted as a 
control signal. 


7 Ae © 2 ae 


| 

| data line | change 
| stable: | of data 
| 


data valid | allowed 7287019 


Fig. 11 Bit transfer. 


Start and stop conditions 

Both data and clock lines remain HIGH when the bus is not busy. A HIGH-to-LOW transition of the 
data line, while the clock is HIGH, is defined as the start condition (S). A LOW-to-HIGH transition of 
the data line while the clock is HIGH, is defined as the stop condition (P). 


DEVELOPMENT DATA 


start condition stop condition 
7287005 


Fig. 12 Definition of start and stop condition. 
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System configuration 


A device generating a message is a ‘transmitter’, a device receiving a message is the “receiver”. The 
device that controls the message is the “master” and the devices which are controlled by the master 
are the “slaves”. 7 


SDA 
SCL 


MASTER SLAVE MASTER 
MASTER 
TRANSMITTER/ Reiter TRANSMITTER/ TRANSMITTER TRANSMITTER/ 
RECEIVER RECEIVER RECEIVER 


7287004 


Fig. 13 System configuration. 


Acknowledge. 


The number of data bytes transfered between the start and stop conditions from transmitter to 
receiver is not limited. Each data byte of eight bits is followed by one acknowledge bit. The acknow- 
ledge bit is a HIGH level put on the bus by the transmitter whereas the master also generates an extra 
acknowledge related clock pulse. A slave receiver which is addressed must generate an acknowledge 
after the reception of each byte. Also a master must generate an acknowledge after the reception of 
each byte that has been clocked out of the slave transmitter. The device that acknowledges has to pull 
down the SDA line during the acknowledge clock pulse, so that the SDA line is stable LOW during the 
HIGH period of the acknowledge related clock pulse. A master receiver must signal an end of data to 
the transmitter by not generating an acknowledge on the last byte that has been clocked out of the 
slave. In this event the transmitter must leave the data line HIGH to enable the master to generate a 
stop condition. 


start clock pulse for 
condition acknowledgement 


| | ' 


SCL FROM , | 
DATA OUTPUT 
BY TRANSMITTER : a 
DATA OUTPUT : i 
BY RECEIVER 


7Z87007 


Fig. 14 Acknowledgement on the |?C bus. 
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Timing specifications 
All the timing values are valid within the operating supply voltage and ambient temperature range and 
refer to Vi, and Vj with an input voltage swing of Vss to Vpp. 


parameter 


SCL clock frequency 
Tolerable spike width on bus 
Bus free time 

Start condition set-up time 
Start condition hold time 
SCL LOW time 

SCL HIGH time 

SCL and SDA rise time 

SCL and SDA fall time 


Data set-up time tSU; DAT 

Data hold time tHD: DAT 
- SCL LOW to data out valid tvD: DAT 
= Stop condition set-up time tsu: STO 
= 
= 
uw 
= 
a. 
fo) 
I 
S START BIT 7 BIT 6 BIT 0 ACKNOW- | STOP 
if PROTOCOL CONDITION MSB LSB LEDGE CONDITION 
‘al (A6) (R/W) 

‘Su; STA tlow ‘HIGH Msc 


SCL 


SDA 


7281193.1 tHD-STA tsuU;DAT tHD;DAT tvD; DAT tsu;STO 


Fig. 15 1*C bus timing diagram. 
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RATINGS 1 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply voltage range VDD —0,5 to +8,0 V 
Voltage on any pin | V\ —0,5 to Vpp +0,5 Vv 
Input current d.c. iy max. 10 mA 
Output current d.c. | lo max. ae 20 mA 
Vpp or Vss current IDpD, Iss max. 50 mA 
Power dissipation per package Ptot max. 300 mW 
Power dissipation per output P max. 100 mW 
Storage temperature range Tstg —65 to +150 OC 
Operating ambient 

temperature range Tamb —40 to +85 OC 
Note: 


Inputs and outputs are protected against electrostatic discharges in normal handling. However, to be 
totally safe, it is advised to take handling precautions appropriate to handling MOS devices (see 
"Handling MOS devices’). 


CHARACTERISTICS 
VDD = 2,5 V to 6 V; Vss = 0 V; Tamb = —40 OC to +85 OC unless otherwise specified 


parameter conditions max. 


rs 


Supply 
Supply voltage operating 
Supply current standby 
V| = Vss or VDD; 
no load 
Supply current operating; AOUT off; 
| fsc_L = 100 kHz 
Supply current - | AOUT active; 
fscL = 100 kHz 
Power-on reset level note 1 


Digital inputs/output | SCL,SDA, AO, A1, A2 
Input voltage LOW 
Input voltage HIGH 
Input current leakage; 

V| = Vss to VoD 
Input capacitance 


SDA output current leakage; 
HIGH at VoH=Vpp 


SDA output current LOW at Vo, =0,4V 
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Reference voltage inputs VREF, AGND 


Voltage range reference 
Voltage range analogue ground 
Input current leakage 


Input resistance VREF to AGND 


Oscillator OSC, EXT 
Input current leakage 


Oscillator frequency 


D/A CHARACTERISTICS 


Vpp = 5,0 V; Vss =O V; VREF = 5,0 V; VAGND = OV; Rioad = 10 kQ; Cioag = 100 pF; 
Tamb = —40 °C to +85 OC unless otherwise specified 


Analogue output 
Output voltage range no resistive load 
Output voltage range Rioad = 10 kQ 


Output current leakage; 
AOUT disabled 


Accuracy 
Offset error Tamb = 25 °C 


Linearity error 


DEVELOPMENT DATA 


Gain error no resistive load 


Settling time to % LSB full 
scale step 


Conversion rate 


Supply noise rejection at f = 100 Hz; 
Vpp = 0,1 Vpp 
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A/D CHARACTERISTICS 


Vpp = 5,0 V; Vss = 0 V; VREF = 5,0 V; VAGND = 0 V; Rsource = 10 kQ; Tamb = —40 OC to +85 OC 
unless otherwise specified 


Analogue inputs 

Input voltage range 

Input current leakage 

Input capacitance 

Input capacitance differential 
Single-ended voltage measuring range 


Differential voltage measuring range; 
VFS = VREF 
~ VAGND 


Accuracy 

Offset error Tamb = 25 OC 
Linearity error 

Gain error 


Gain error small-signal; 
AVIN = 16 LSB 


Rejection ratio common-mode 
Supply noise rejection | at f = 100 Hz; - 
_ = VDDN = 0,1xVpp 
Conversion time 
| Sampling/conversion rate 


Note — 
1. The power on reset circuit resets the |7C bus logic when Vpp is less than Vpop. 
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(a) internal oscillator; Tamp = + 27 OC. (b) external oscillator. 


Fig. 16 Operating supply current against supply voltage (analogue output disabled). 


<q 
- 
<{ 
QO 
= 
28 7294729 
a 
G3 7 eae eae 
> SRSA 
iu £ £ 
+ ~ 
a 3 eae eee eee ey, 
g g Reese a 
< { 4 
~~ — 
: = nc FAT 


Pee ertees as 
pt} tt tT | i 
ee | 


0 0 
00 02 04 06 08 OA BO co DO EO FO FF 
hex input code hex input code 
(a) output impedance near negative power rail; (b) output impedance near positive power rail; 
Tamb = + 27 OC. Tamb = + 27 OC. 


Fig. 17 Output impedance of analogue output buffer (near power rails). 


The x-axis represents the hex input-code equivalent of the output voltage. 
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APPLICATION INFORMATION 


Inputs must be connected to. Vss or Vpp when not in use. Analogue inputs may also be connected to 
AGND or VpeEF. | | 


In order to prevent excessive ground and supply noise and to minimize cross-talk of the digital to 

analogue signal paths the user has to design the printed-circuit board layout very carefully. Supply 
lines common to a PCF8591 device and noisy digital circuits and ground loops should be avoided. 
Decoupling capacitors (> 10 uF) are recommended for power supply and reference voltage inputs. 


VpD VoD 
oO 
“oo HH 


i) 
be - 7 7 VOUT i : i 
] [ %e = (4) 
y ie PCF8591 
7. aN 
aaa 
“A 
gn. 


AINO VouT 
AIN1 
Q) & ph ,  @ 
Vo V, AIN3 Vo 


G 7 VoD AO PCF8591 z 


ANALOGUE GROUND 
_[ DIGITAL GROUND TRANSMITTER 


12c BUS 


7280970.1 
Fig. 18 Application diagram. 


Purchase of Philips’ 1?C components conveys a license under the 
Philips’ 1?C patent to use the components in the |? C-system 
provided the system conforms to the |?C specification defined 
by Philips. | 
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LOW VOLTAGE MONO/STEREO POWER AMPLIFIER 


GENERAL DESCRIPTION 


The TDA7OS50T is a low voltage audio amplifier for smal! radios with headphones (such as watch, pen 
and pocket radios) in mono (bridge-tied load) or stereo applications. 


Features 


Limited to battery supply application only (typ. 3 and 4 V) 
Operates with supply voltage down to 1,6 V 

No external components required 

Very low quiescent current 

Fixed integrated gain of 26 dB, floating differential input 
Flexibility in use — mono BTL as well as stereo 

Small dimension of encapsulation (see package design example) 


QUICK REFERENCE DATA 


Supply voltage range Vp 1,6 to 6,0 V 
Total quiescent current (at Vp = 3 V) tot typ. 3,2 mA 


Bridge tied load application (BTL) 


Output power at Ry = 32 22 
Vp =3 V; dtot = 10% | Po typ. 140 mW 


D.C. output offset voltage between the outputs |AV| max. 70 mV 


Noise output voltage (r.m.s. value) 
at f= 1 kHz; Rg = 5 kQ Vno(rms) typ. 140 nV 


Stereo application 
Output power at Ry = 32 2 


dtot = 10%; Vp=3 V Po typ. 35 mW 

dtot = 10%; Vp = 4,5 V Po typ. 75 mW 
Channel separation at Rs = 0 2; f= 1 kHz a typ. 40 dB 
Noise output voltage (r.m.s. value) 

at f= 1 kHz; Rg = 5 kQ. Vno(rms) typ. 100 pV 


PACKAGE OUTLINE 
8-lead mini-pack; plastic (SO-8; SOT-96A). 
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RATINGS 


Limiting values in accordance with the Absolute Maximum System (IEC 134) 


Supply voltage 

Peak output current 

Total power dissipation 
Storage temperature range 
Crystal temperature 


A.C. and d.c. short-circuit duration 
at Vp = 3,0 V (during mishandling) 


SO PACKAGE DESIGN EXAMPLE 


Fig. 1 Power derating curve. 


Vp max. : 6V 
lom max. 150 mA 
see derating curve Fig. 1 


Tstg —55 to + 150 OC 
Te. ; max. 100 °C 
os max. 5s 


To achieve the small dimension of the encapsulation the SO package is preferred with only 8 pins. 
Because a heatsink is not applicable, the dissipation is limited by the thermal resistance of the 8-pin 


SO encapsulation until: . 


Rth ja 300 
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Low voltage mono/stereo power amplifier TDA7O50T 


CHARACTERISTICS 
Vp=3V;f=1 kHz; Ry = 32 Q; Tamb = 25 OC; unless otherwise specified 


Supply | 
Supply voltage 
Total quiescent current 


Bridge-tied load application (BTL); see Fig. 4 
Output power* 

Vp = 3,0 V; diot = 10% 

Vp = 4,5 V; dtot = 10% (Ri = 64 22) 
Voltage gain 


Noise output voltage (r.m.s. value) 
Rs =5kQ; f= 1 kHz 


Rs = 0 22; f = 500 kHz; B= 5 kHz 
D.C. output offset voltage (at Rg = 5 kQ) 
Input impedance (at Rg = 0%) 


Vno(rms) 


Vno(rms) 
[AV | 


IZ; | 


Input bias current 


Stereo application; see Fig. 5 
Output power* 
Vp = 3,0 V; diot = 10% 
Vp = 4,5 V; dtot = 10% 
Voltage gain 


Noise output voltage (r.m.s. value) 
Rog = 5 kQ; f = 1 kHz 


Rs = 0 22; f = 500 kHz; B = 5 kHz 


Channel separation 
Rg =0 0; f= 1 kHz 
Input impedance (at Rg = -%) 


Vno(rms) 
Vno(rms) 


& 
IZ; 
lj 


Input bias current 


* Output power is measured directly at the output pins of the IC. It is shown as a function of the 
supply voltage in Fig. 2 (BTL application) and Fig. 3 (stereo application). 
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7291366 ; 7291367 


Fig. 2 Output power across the load impedance Fig. 3 Output power across the load impedance 

(R,_) as a function of supply voltage (Vp) in (R,_) as a function of supply voltage (Vp) in 

BTL application. Measurements were made at stereo application. Measurements were made at 
= 1 KHZ; dtot = 10%; Tamb = 25 OC. f= 1 KHZ; dtot = 10%; Tamb = 25 OC. 


APPLICATION INFORMATION 


left channel 


input input 


Ry 
right channel TDA7050T 
input 
22 3 
kQ - 6 
: 
7291364 | 7291363 y 
Fig. 4 Application diagram (BTL); Fig. 5 Application diagram (stereo); 
also used as test circuit. also used as test circuit. 
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TELEPHONE TRANSMISSION CIRCUIT 
FOR HANDSFREE LOUDSPEAKING 


GENERAL DESCRIPTION 


The TEA1042 is a bipolar integrated circuit performing all speech and line interface functions in 
electronic telephone sets. It is especially designed for handsfree loudspeaking equipment. 


ts features are: 

Supplied from telephone line current 

Voltage regulator with adjustable d.c. voltage drop and d.c. resistance 
High and low-impedance handset microphone inputs 

High-impedance base microphone input 

Handset/base selection input 

Muting input for pulse or DTMF dialling 

Gain setting facility on all amplifiers 

Line current dependent gain control facility with corrections for the exchange supply voltage and 
its feeding bridge resistance 

@ Supply output for additional circuits. 


QUICK REFERENCE DATA 


Line voltage at I|ing = 15 MA Viine typ. 4,2V 
Line current operating range line 10 to 140 mA 
Telephone line impedance IZ\ine! nom. 600 2 
Supply current Icc typ. 1 mA 
Voltage gain, transmitting amplifier 

MIC1 input Avd typ. 44,5 dB 

MIC2 input Avd typ. 20 dB 

MIC3 input Avd typ. 20 dB 

DTMF input Avd typ. 26 dB 
Voltage gain, receiving amplifier Avd typ. 27 dB 
Gain adjustment range 

transmitting amplifier AAyvd typ. + 6 dB 

receiving amplifier AAvd typ + 8 dB 
Range of gain control with line current, 

all amplifiers AAvd typ. 6 dB 
Exchange supply voltage range Vexch 24 to 60 V 
Exchange feeding bridge resistance Rexch 400 or 800 22 
Operating ambient temperature range Tamb —25 to +70 °C 


PACKAGE OUTLINE 
24-lead DIL; plastic (SOT-101A). 
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BRDG CX2 GAT1 ante RCX 
5 rT 


oe LH ae tT 
oe See. 
10 
Ne et 
LN 
whens | co 
24 
RA 
wos foe > 
20 ec PT 
: anaes cel Oe 
MUTE 
5 
; oA” _ 
. Dag Wiad the ran 
7 8 
QLSP 
INTERNAL 
REFERENCE 
7288489. 4 
Cx1 : VEE GAL GAP GALN 


Fig. 1 Block diagram. The blocks marked dB are attenuators. The M and MUTE inputs operate 
analogue switches that activate or inhibit the inputs and outputs as required by their function. 
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Telephone transmission circuit for handsfree loudspeaking 


7288486 


Fig. 2 Pinning diagram. 


PINNING 
1 LN 

2 GATI1 
3 GAT2 
4 VEE 
5 OTEL 
6 CX1 
7 GAP 
8 QOLSP 
9 GAL 
10 MIC1 
11. REF 
12 IR 

13 CX2 
14. RX 

15 BRDG 
16 M 

17. MUTE 
18 MIC2 
19 MIC3 
20 DTMF 
21 Vcc 
22 RCX 
23 GALN 
24 RA 


_ TEA1042 


positive line terminal 


gain adjustment; transmitting 
amplifier 


gain adjustment; transmitting 
amplifier 


negative line terminal 
handset telephone output 
reference decoupling 


gain adjustment; telephone 
amplifier 


loudspeaker preamplifier output 


gain adjustment; loudspeaker 
preamplifier 


low-impedance handset microphone input 
reference voltage 

receiving amplifier input 

external stabilizing capacitor 

external resistor 


selection input for gain control adaptation 
to feeding bridge impedance 


mode (handset/base selection) input 

mute input ; 
high-impedance handset microphone input 
base microphone input . 
dual-tone multi-frequency input | 
positive supply 


line voltage adjustment and voltage 
regulator decoupling 


gain control with line current; 
all amplifiers 


d.c. resistance adjustment 


March 1986 583 


584 


TEA1042 


FUNCTIONAL DESCRIPTION 


The TEA1042 contains two receiving amplifiers, a transmitting amplifier, means to switch the inputs 
and the outputs, means to adjust the gain of all amplifiers individually, means to vary the gain with the 
line current and means to adjust the d.c. voltage drop and d.c. resistance. See the block diagram, Fig. 1. 


Supply: LN, Vcc, VEE, RA, CX1 and CX2 (pins 1, 21,4, 24,6 and 13) 


The circuit is supplied from the line current, the arrangement is shown in Fig. 3. The circuit develops 
its own supply voltage at Vcc (pin 21). This supply voltage may also be used to supply an external 
circuit, e.g. a CMOS pulse or DTMF dialler or an electret microphone amplifier stage. The current 
available for this circuit depends on external components, see Fig. 4. 


All line current has to flow through the circuit. If the line current exceeds the current required by the 
circuit itself via Vcc (pin 21), i.e. about 1 mA, plus the current required by the peripheral circuits 
connected to this pin, then the excess current is diverted via LN, the positive line terminal (pin 1), 

to RA (d.c. resistance adjustment; pin 24). 


The minimum line voltage may be chosen by external resistor R5 and the variation with line current 
by external resistor R10. The circuit regulates the line voltage at Tampb = 25 OC to: 


+ 
Viine = VLN = ex 0,62 + I; y x R10, 


IN being the current diverted via LN. 


A regulator decoupling capacitor has to be connected between RCX (pin 22) and Ver, the negative 
line terminal (pin 4), a smoothing capacitor has to be connected between Vcc (pin 21) and Ver, and 
a stabilizing capacitor between CX2 (pin13) and Ver. Further a decoupling capacitor has to be 
connected between CX1 (reference decoupling; pin 6) and Ver (pin 4). 


The dynamic impedance that the circuit presents to the line in the speech band is determined primarily 
by resistor R1 connected between LN (pin 1) and Vcc (pin 21). 


Mode (handset/base selection) input M (pin 16) 


The mode input permits selection of operation via the handset or via the base. A HIGH level on the M 
input or an open circuit selects handset operation, i.e. it activates the microphone inputs MIC1 and 
MIC2 and the handset telephone output OTEL. A LOW level on M selects the base microphone input 
MIC3 and the loudspeaker preamplifier output QLSP. 


Microphone inputs MIC1, MIC2 and MIC3 (pins 10, 18 and 19) 


Handset and base may be equipped with a sensitive microphone, e.g. an electret microphone with pre- 
amplifier. This has to be connected to the MIC2 or MIC3 input respectively. The available gain from 
these inputs is typ. 20 dB. 


The handset may also be equipped with an insensitive low-impedance microphone, e.g. a dynamic or 
magnetic microphone. This has to be connected between MIC1 (pin 10) and (REF (pin 11). The available 
gain from this input is typ. 44,1 dB. 


Dual-tone multi-frequency input DTMF and mute input MUTE (pins 20 and 17) 


A HIGH level on the MUTE input inhibits all microphone inputs and the telephone and loudspeaker 
outputs QTEL and OLSP and enables the DTMF input, a LOW level does the reverse. Switching the 
MUTE input will not produce any clicks on the line or in the telephone or loudspeaker. The available 
gain from the DTMF input is typ. 25,6 dB. 
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Telephone output QTEL and loudspeaker preamplifier output QLSP (pins 5 and 8) 


As described before, the M input determines which of the outputs OTEL and OLSP will be 

activated. The receiving amplifier input IR (pin 12) is the input for both outputs. For both outputs the 
available gain is typ. 27 dB. The output QTEL is intended for telephone capsules with an impedance of 
150 {2 or more. The OQLSP output is intended to drive a power amplifier. Its output impedance is less 
than 1 kQ. 


Gain adjustment: GAT1, GAT2, GAP and GAL (pins 2, 3, 7 and 9) 


The gain of the transmitting amplifier may be adjusted by an external resistor R2 connected between 
GAT1 and GAT2 (pins 2 and 3; see Fig. 9). This adjustment influences the sensitivity of the inputs 
MIC1, MIC2, MIC3 and DTMF to the same amount. The gain is proportional to R2 and inversely 
proportional to R10 and R12. 


The gain of the telephone amplifier may be adjusted by an external resistor R14 between GAP (pin 7) 
and CX1 (pin6). The gain is proportional to R14 and inversely proportional to R12. 


_ The gain of the loudspeaker preamplifier may be adjusted by an external resistor R13 between GAL 
(pin 9) and CX1 (pin6). The gain is proportional to R13 and inversely proportional to R12. 


Gain control with line current: GALN (pin 23) 


The circuit offers a facility to automatically vary the gain of all its amplifiers with the line current. In 
this way the circuit compensates for differences in line attenuation. The variation is accomplished by 
connecting an external resistor R11 between GALN (pin 23) and Ver (pin 4). The value of this resistor 
should be chosen in accordance with the supply voltage of the exchange (see Figs 5 and 6). 


If no gain variation with line current is required the GALN connection may be left open. All amplifiers 
have their maximum gain then. 


Selection input for gain control adaptation to feeding bridge impedance: BRDG (pin 15) 


A LOW level at the BRDG input optimizes the gain control characteristics of the circuit for a 400 Q 
feeding bridge in the exchange, a HIGH level for 800 22. 


Side tone suppression 


In the circuit diagram shown in Fig. 9 side tone suppression is obtained with components C2, R3, R4, 
R7 and R8. Their component values have to be chosen to suit the cable type used. This network 
attenuates the signal from the telephone line to the |[R input of the receiving amplifier. This attenuation 
may be adjusted by choosing the value of R7 without affecting the side tone suppression. 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Supply current 


d.c. line max. 140 mA 
non-repetitive (t << 100 h) line max. 250 mA 
Storage temperature range T stg —40 to +125 °C 
Operating ambient temperature range Tamb  —25 to +70 °C 
Junction temperature Tj max. 150 °C 
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CHARACTERISTICS | 
line = 10 to 140 mA; f = 1000 Hz; Tamb = 25 OC, unless otherwise specified. 


parameter | min. typ. max. unit 


Supply: LN and Vcc (pins 1 and 21) ~ 


Line voltage 
Hine = 15mA Viine 4,05 4,25 4,45 V 
line = SOMA | Viine 47 5,1 5,5 V 
Nine = 100 mA | Viine 5,2 6,1 7,0 V 
Variation with temperature —AVjine/AT} 10 12 14 mV/K 
Line current operating range line 10 _ 140 mA 
Supply current at Voc = 2,3 V; line = 15 mA Iec — ~ 1,6 mA | 
Vec = 2,3 V; line = 15 MA; Tamb = 55 OC lec = — 1,0 mA 


Mode (handset/base selection) input M (pin 16) 
Input voltage 


HIGH level VIH 1 = Vcc V 

LOW level VIL 0 _ 0,2 V 
Input current —l16 — 8 20 LA 
Attenuation of non-selected signals —AAvqd 45 — — dB 


Low-impedance handset microphone input MIC1 and reference voltage pin REF (pins 10 and 11) 
Input impedance IZ10-111 2,3 3 3.6 kQ 
Voltage gain, see Fig. 7 Avd 43,5 44,5 45,5 dB 


High-impedance handset microphone input MIC2 (pin 18) 


Input impedance IZ49.4| 36,4 47 57,6 | kQ | 
Voltage gain, see Fig. 7 Avd 193 20,2 21,2 | dB 
Base microphone input MIC3 (pin 19) | 

Input impedance IZ49.4| 36,4 47 57,6 | kQ 
Voltage gain, see Fig. 7 Avd 19,3 20,2 21,2 dB 
DTMF input (pin 20) 

Input impedance [290.4 12 15,5 18,9 kQ 
Voltage gain, see Fig. 7 Avd 25 26 26,9 dB 


Gain adjustment pins; transmitting amplifier: GAT1 and GAT2 (pins 2 and 3) 


Gain adjustment range AAyg . ze +6 7 dB 
Gain variation with frequency, 
f = 300 to 4000 Hz — +0,5 — dB 


Gain variation with temperature at 
line = 50 MA; Tamb = —5 to +45 OC 
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CHARACTERISTICS (continued) 


parameter min. typ. max. unit 


Transmitting amplifier output LN (pin 1) 

Output voltage at I}jne = 15 MA; Ryjne = 600 Q;d=2%| VEN (rms) 
Psophometrically weighted* noise output 

voltage at lWjne = 15 MA; Rijne = 600 22 VLN(rms) 
MUTE input (pin 17) 


Input voltage | 
HIGH level VIH 


LOW level | VIL 
Input current —l47 
Attenuation of non-selected signals —AAvd 


Receiving amplifier input IR (pin 12) 
Input impedance IZ49-4 


Telephone output OTEL (pin 5) 
Voltage gain at I}jne = 15 mA; 


Rioad = 150 22; R13 = 15 kX); see Fig. 8 Avd 
Gain variation with frequency, 

f = 300 to 4000 Hz AAvd 
Gain variation with temperature at 

line = 50 MA; Tamb = —5 to +45 OC AAvd 
Maximum output voltage at Ijjne = 15 mA; 

Rioad = 150 02; d= 2% VO(rms) 
Psophometrically weighted* noise output 

voltage at Ijjne = 15 MA VO(rms) 


Gain adjustment pin; telephone amplifier: GAP (pin 7) 
Gain adjustment range AAvd 


Loudspeaker preamplifier output QLSP (pin 8) 
Voltage gain at I|jne = 15 mA; 


Rigad = 10 kQ; R14 = 15 kQ; see Fig. 8 Avd 
Gain variation with frequency, | 

f = 300 to 4000 Hz AAvd 
Gain variation with temperature AAvd 
Psophometrically weighted* noise output 

voltage at I}jng = 15 mA VO(rms) 
Output impedance IZg.4| 


Gain adjustment pin; loudspeaker preamplifier: GAL (pin 9) 
, Gain adjustment range AAvd 
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CHARACTERISTICS (continued) 


parameter min. typ. max. unit 


Selection input for gain control adaptation to feeding bridge impedance BRDG (pin 15). 
Input voltage 


HIGH level Vig 1 ~ Veco | V 
LOW level VIL 0 -— 0,1 V 
Input current —l45 — 8 20 LA 

Gain control with line current pin GALN (pin 23) 
Gain control range AAvd — 6 _ dB 
Highest line current for maximum gain, 
R11 = 105 kQ; 
BRDG = HIGH (Rexch = 800 £2) line 22,5 25 27,5 mA 
BRDG= LOW  (Rexch = 400 2) Hine 31,5 35 38,5 mA 
L.owest line current for minimum gain, 
R711 = 105 kQ; 
BRDG = HIGH (Rayeh = 800 2) ltine 49,5 55 60,5 mA 
BRDG = LOW (Rexeh = 400 22) Hine 81 90 99 mA 
* P53 curve. 
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Fig. 4 Maximum current Ib available from Vcc for external (peripheral) circuits. 
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Fig. 5 Gain variation with line current, with R11 as a parameter, and with the BRDG input HIGH, i.e. 
the circuit optimized for 800 2. The values chosen for R11 suit the usual values for the supply voltage 
of the exchange. The curves are valid for 0,5 mm twisted-pair cables with an attenuation of 1,2 dB/km 
and a d.c. resistance of 176 2/km. 
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Fig.6 Gain variation with line current, with R11 as a parameter, and with the BRDG input LOW, i.e. 
the circuit optimized for 400 Q. The values chosen for R11 suit the usual values for the supply voltage 
of the exchange. The curves are valid for 0,5 mm twisted-pair cables with an attenuation of 1,2 dB/km 
and a d.c. resistance of 176 92/km. 
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Fig. 7 Test circuit for defining voltage gain of MIC1, MIC2, MIC3 and DTMF inputs. Gain is defined as: 
Avyd = 20 log IVout/Vin!. For measuring the MIC1 or MIC2 input the M input should be HIGH and the MUTE 
input LOW, for measuring the MIC3 input M and MUTE should both be LOW and for measuring the DT MF 
input M and MUTE should be HIGH. Inputs not under test should be open. 
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Fig.8 Test circuit for defining voltage gain of QTEL and OLSP outputs. Gain is defined as: Ayg = 20 log |Voyt/Vinl- 
For measuring the OTEL output the M input should be HIGH and the MUTE input LOW, for measuring the 
QLSP output M and MUTE should both be LOW. 
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Fig. 9 Typical application of the TEA1042 in an electronic handsfree telephone set. The connections 
to the MIC1 and MIC2 inputs are alternatives. The connection to the BRDG input is not shown, see 
the Functional Description. The diagram does not show voice switches and associated control circuits 
required in a practical circuit for stable loudspeaking operation. 
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DTMF/SPEECH TRANSMISSION INTEGRATED CIRCUIT 
FOR TELEPHONE APPLICATIONS 


This integrated circuit is a dual-tone multi-frequency (DTMF) generator and a speech transmission 
circuit on a single chip. It supplies frequency combinations in accordance with CCITT recommendations 
for use in push-button telephones. It can be operated with a single contact keyboard or via a direct 
interface with a microcomputer, I?L technology allows digital and analogue functions to be implement- 
ed on the same chip. 


The speech-transmission part incorporates microphone and telephone amplifiers, anti-sidetone and line 
adaption. The microphone inputs, suitable for different types of transducer, are symmetrical to allow 
long cable connections with good immunity against radio-frequency interference. 


The logic inputs contain an interference circuit to guarantee well defined states and on and off resistance 
of the keyboard contacts. 


Features 


stabilized DTMF levels to be set externally 

wide operating range of line current and temperature 
no individual DTMF level adjustments required 
microcomputer compatible logic inputs 

gain setting for microphone and receiver amplifiers 
internally generated electronic muting 

low spreads on amplifier gains 

low number of external components 

on-chip oscillator for 3,58 MHz crystal 


QUICK REFERENCE DATA 


~ Line voltage VE typ. 48 V 
Line current Ie 10 to 120 mA 
Adjustable dynamic resistance R; 600 to 900 (2 
Microphone signal amplification Am typ. 50 dB 
Receiver signal amplification AT typ. 20 dB 
DTMEF tone levels (adjustable) 

lower tones VLG max. —6 dBm 
higher tones VHG max. —4 dBm 
Operating temperature range Tamb —25to+70 °C 


PACKAGE OUTLINE 
TEA1046P: 24-lead DIL, plastic (SOT-101A). 
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Fig. 1 Functional block diagram. 
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PINNING 
1 VL positive line voltage 
2 VN1 negative line voltage 
3 VS voltage stabilizer filter 
4 IR receiver amplifier input 
5 QR receiver amplifier output 
6 ic. internally connected 
7 Zl impedance setting input 
8 AT anti-sidetone output 
9 F2 second filter 

10 F1 first filter 

11 VN2 negative line voltage 

12 VR reference voltage output 


TEA1046 


13 MIC1 microphone input (pos.) 

14 MIC2 microphone input (neg.) 

15 ROW4 - row input 941 Hz/BCD input 

16 ROW3 ~ row input 852 Hz/BCD input 

17. ROW2 — row input 770 Hz/BCD input 

18 TLS DTMF level setting 

19 ROW1 — row input 697 Hz/BCD input 
7287300.1 20 COLT column input 1209 Hz/mute input 

Fig. 2 Pinning diagram. 21 COL2 column input 1336 Hz/mute input 

22 COL3 ~— column input 1477 Hz/enable input 

23  COL4 — column input 1633 Hz/mute input 

24 | OSC oscillator input 


FUNCTIONAL DESCRIPTION 
Voltage regulator (Fig. 3) 


Different line lengths and feeding bridge resistances of the exchange cause a large line current range to 
supply this circuit. As all functions on this chip are working within a total current of 10 mA, the rest of 
the line current is shunted by the voltage regulator circuit. It regulates the voltage drop over the circuit 
on a nominal level of 4,8 V. 


The capacitor connected to input VS provides a low-pass filter function to avoid influence of the audio 
signals on the line. 


The static behaviour of the voltage regulator is expressed by: 
VL = Vo t+ (Ii — Jj) R13 

where Vo = 4,8 V at Tamp = 25 OC and R13 = 5 Q, 1; = 10 mA. 

The dynamic impedance of the regulator is equivalent to a resistor in series with a simulated inductor: 
Zr (w) = Reg + jwleg 


where Reg = R13 =5Q 
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Fig. 3 Voltage regulator principle. 


Within limited values, the d.c. level Vj; can be decreased by connecting a resistor in parallel with R12, 
or increased by connecting a resistor in parallel with Cys. The shunt regulator contains a thyristor 
which short-circuits R12 for a short period during switch-on time; this reduces the overshoot voltage 
to only 1 V above the level set by the regulator. 


Active output stage 


The amplifier consists of a voltage to current converter with a class-A output stage. Because of the 
feedback from the line to the input the circuit acts as a dynamic resistance (R,). This resistance can 
be adjusted by the external resistor R7, (Fig. 11) and the value can be found by: 


Ra = 8,93 x Ry, (Q) 
The total dynamic resistance Rj equals R, parallel with the resistance Rp of all other circuit parts, 
which value is approximately 7 kQ. 
With RZ; = 75 &, Rg = 6702 and R; = 610 Q. 
For RZy = 1202, Rg = 1070 Q and Rj; = 900 Q. 


Microphone amplifier (Figs 4 and 5) 


Pins 13 and 14 respectively are the non-inverting and inverting inputs for the microphone. The purely 
symmetrical inputs are suitable for low ohmic dynamic or magnetic capsules. The input impedance 
equals 4 k&2. The voltage amplification from microphone input to pin 1 (VL) is 50 dB and if a lower 
gain is required the attenuation for a series resistor Ryys will be: 


Am(Rms #0) _ 4 


——— (R in kQ) 
Am(Rwsg = 90) 4+Rmus MS 


Vi. 
M 


7Z89994.A 


Fig. 4 Symmetrical microphone connection. Resistor Rayp may be used to lower the microphone 
termination resistance. 
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DTMF/speech transmission integrated circuit 


The microphone amplifier also has an excellent behaviour for connection of an electret microphone 
with built in FET-source follower. In this condition pin 14 is decoupled for a.c. and the amplifier is 
driven at pin 13. The input impedance in this asymmetrical mode is 22 kQ. If attenuation of the 
amplification is required the value of Rpya is given by: 


Am(Rma = 0) 7 22+RMA 


R in kQ2) 
Aw(Rya=0) 22+11Rya ‘MA 


Vi | 
VMIC1 


7Z289994.A 


Fig. 5 Electret microphone circuit. 


Receiver amplifier and anti-sidetone network (Fig. 14) 


This amplifier is a non-inverting, fixed feedback amplifier with a class-A output stage. The gain is fixed 
and measures 20 dB from pin 4 (IR) to pin 5 (QR). The output is intended to drive dynamic capsules of 
nom. 220 {2. For capsule impedances (ZT) less than 220 Q the maximum output voltage swing is deter- 
mined by Zy7 and the bias current of 3,9 mA. For ZT greater than 220 2 the maximum voltage swing is 
determined and soft-limited internally. The received line signal is attenuated by the anti-sidetone net- 
work and can be adjusted using Ray. The amplification from the line to the telephone output is given 
by: 


R Z 
AT = 10 geo x ores ee 
Ratt+Zs ZT +RO 
Zs is the impedance of the anti-sidetone network 
ZT is the capsule impedance 
Rg is the amplifier output resistance 


Optimum side-tone suppression is obtained as Zs (Ra1, Rag and Ca) equals 


Z,_ = line terminating impedance 
Rj; = Output stage impedance / / passive circuit impedance 
K = 200 


In the application of Fig. 14 the network is optimized for 2 km of twisted copper wire (¢ 0,5 mm) cable 
with a d.c. resistance of 176 Q/km. The side-tone suppression in the range from O to 10 km is at least 
10 dB compared with the case when no compensation is applied. 
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Keyboard inputs | 


Inputs for the logic control are compatible with different types of keyboard. Using a keyboard, tone 

combinations are generated: | 

— by connecting one of the row inputs to one of the column inputs by means of a single switch of the 
matrix 

— by applying a dual contact keyboard having its common row contact tied to VN1 and the common 
column contact tied to VR. 


Single tones can be generated by connecting the column input to VR or the row input to VN1. 


An anti-bounce circuit eliminates switch bounce for up to 2 ms. Two key roll-over is provided by blocking 
other inputs as soon as one key is pressed. 


Microcomputer mode (Figs 6 to 10) 


The inputs for keyboard connections can also be used for direct connection to a microcomputer. If the 
column inputs are interconnected and made HIGH (= VR) the row inputs are changed to another mode, 
allowing the circuit to be driven by 4-bit data plus an enable signal. In this mode, it is also possible to 
connect a separate mute enable signal on inputs COL1, 2 and 4 and a tone enable input on COL3. 


ROW1 

ROW2 

ROW3 

ROW4 
TEA1046 

COL1 

COL2 

COL3 

COL4 


MUTE = ENABLE 


MICRO— 
COMPUTER | 
1/05 


1/06 


72Z93514.P 


Fig. 6 Microcomputer mode. All column inputs interconnected. 


LINE 
SIGNAL 


SPEECH DTMF SPEECH DTMF SPEECH 
72Z93512.1 


Fig. 7 Tone/speech waveform in circuit diagram Fig. 6. 
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Fig. 8 Microcomputer mode. Column inputs COL1, 2 and 4 interconnected. 
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Fig. 9 Tone/speech waveform in circuit diagram Fig. 8. 
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Truth table microcomputer mode 
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| | Fig. 10 Waveforms tones 687/1336 Hz 
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Dial tone generator 


The crystal oscillator frequency (3,579 545 MHz) is divided by a factor of nine to give the clock 
frequency. A maximum division error of 0,25% is achieved in the TEA1046; CCITT recommendations 
are that tones should be within 1,5% of the specified frequencies. 


The output from the dividers for the higher and the lower frequency tones are symmetrical square-wave 
pulses which contain considerable odd-numbered harmonics. The lower order odd numbered harmonics 
(11th and less) are eliminated by synthesising the tone frequencies as crude stepped sinewave approxi- 
mations. Each half cycle of the tone waveform comprises seven discrete amplitudes for the lower 
frequency tones and nine discrete amplitudes for the higher frequency tones. Each amplitude increment 
is generated by switching on and off an individual current source for the duration of each step of the 
sinewave. The frequency of the tones is varied by changing the duration of each step. This circuit allows 
the connecting of two low-pass first order filters to pins 9 and 10 to reduce distortion of the DTMF 
harmonics. 


The second filter is also used for filtering the microphone signal. If lower requirements for the distortion 
can be applied the filter at pin 10 can be omitted. In that case the filter at pin 9 must have a lower 
cut-off frequency (1800 Hz) to achieve a correct pre-emphasis since the roll-off of the filters is com- 
pensated internally. 


RATINGS 

Limiting values in accordance with the Absolute Maximum System (IEC 134) 

Supply current Ip max. 150 mA 
Surge current (th < 250 us) Is max. 850 mA 
Operating ambient temperature range Tamb —25 to+ 70 °C 
Storage temperature range T stg —55 to+ 125 °C 
Junction temperature Tj max. 125 °C 


CHARACTERISTICS 
Tamb = 25 °C; I. = 15 mA; f = 1 kHz; unless otherwise specified. See also Fig. 11. 


parameter min. typ. max. 


Supply 
Line voltage d.c. 

ll = 15mA 

l} = 5O0mA 

1) = 120mA 
Temperature coefficient 
Line current range 
Stabilized voltage (pin 3) 

| = 15mA 

I} =120mA 


Reference voltage (pin 12) 


July 1986 


603 


TEA1046 


CHARACTERISTICS (continued) 


parameter symbol min. typ. max. 


Microphone 
Input resistance (symmetrical) R; 13-14 | — 4 = kQ 
Input resistance (asymmetrical) Rj; 13 = 22 — «| kQ 
Voltage amplification | 

R, = 600 Q Am 49 50 51 dB 
Temperature coefficient TC — 0,01 — dB/K 
Common mode rejection ratio CMRR 60 ae — dB 
Distortion at Vj; = 3 dBm dy = = 2 % 


Noise output voltage 
Z, = 600 22; psophometrically weighted 


(P53 curve) VNO — = —65 | dBmp 
during dialling AAy _—'|_70 7 = dB 


Anti-sidetone 


Amplification reduction 
| Voltage amplification, microphone to 
| 


anti-sidetone output (Rat = 3,9 kQ) AAT = 25 — dB 
Transmitter output stage 
Dynamic resistance setting range Rj 600 _ 900 {2 
Variation of output impedance over 

line current range 

R; = 600 Q AZo — 100 — Q2 
Balance return loss from 300 up to 3400 Hz 

at 600 92 (R77; = 75 22, Cy = 10 nF) BRL 20 — _ dB 

at 900 2 (Rz; = 120 2, Cy = 30 nF) BRL 20 _ ~ dB 
Receiver amplifier 
Voltage amplification 

Ry = 350 Q AT 19 20 21 dB 
Amplification variation 

f = 300 to 3400 Hz AAT/f — 0 — dB 
Amplification variation in temperature | 

and current range AAT/T — — —0,5 dB 
Amplification reduction during dialling AAT 60 —_ — dB 
Output voltage swing (dy = 10%) Volp-p) 1300 1600 — mV 
Output impedance Zo — 4 7 Q 
Input impedance Z; — 100 — kKQ 
Output distortion i 

level <—7 dBV do es = 2 % 
Output noise voltage psophometrically 

weighted (P53 curve) Vno(rms) | — — 150 uv 
Bias current IM = 3,9 a mA 
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DTMF/speech transmission integrated circuit TEA1046 


parameter min. typ. max. 


DTMF generator 


Tone frequencies 

low tones (row inputs) 697, 770, 852, 941 Hz 

high tones (column inputs) 1209, 1336, 1477, 1633 Hz 
Dividing error 

crystal frequency = 3,58 MHz Afg —0,25 oa —0,05 | % 
Tone output level 

I, >10mA 

lower tones VLG —11 = —6 dBm 

higher tones VHG —9 a —4 dBm 


Distortion with respect to total level dtot — —34 —25 dB 


Tolerance on output level 

over temp. and current range AVo —2 — 2 dB 
Pre-emphasis higher tones 

over temp. and current range 

at Ce, =Cpo=10nF AVHG 1 2 3 dB 
Tone delay 

after key actuation tq — 10 _ Us 


- Switch delay time speech/mute 
after key release tq — 10 — ys 


Switch bounce elimination tsb — 2 — ms 


Keyboard inputs 
Contact off resistance R Koff 250 = = kKQ 
Contact on resistance Ron = = 10 kQ 
Lower frequency inputs (ROW1, 2, 3, 4) 
voltage LOW VIL — = 1,1 V 
voltage HIGH VIH 1,5 — ~— V 
current LOW lie _ 20 = LA 
current HIGH (maximum allowable=1mA) | Iyy 0 ~ — LA 
Higher frequency inputs (COL1, 2, 3, 4) 
voltage LOW VIL — — 0,5 V 
voltage HIGH Vin 0,9 — = V 
current LOW Ne 0 = = LA 
current HIGH (maximum allowable=1mA) [IH — 20 = LA 
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ROW4 & 
ROW3 
ROW2 
ROW1 


VL COL4 5 
COL3 
OD 
IMQ 
oo OSC COL2 iS 
I COL1 5 
».4 1.C 
100 Bes MIC1 
7 
10 nF F2 
TEA1046 (~~) Vv 
10-1207, 
CJL 
600 
Q 


7287302.1 2 


Fig. 11 Test circuit for measuring amplifier voltage gains and frequencies and levels of DT MF generator. 
X = 3,58 MHz. 


Vi | VrRo |v 
Any =|—=| (V+ =0 Av = |——! (Vag = = = 
M ee | T1 = 0) T ze! M = 0) AAT F vn 0) 
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TEA1046 


7287320 


igh frequency 
tone group 


= 
La 


Fig. 12 DTMF level selection. The curve is valid for a dynamic impedance of 600 92 (RZ) = 75 92). 


VL 


5 k &2 logic 
COL; 


7287298 mn 


(a) 


VL 
(_\ 
ay, 
5kQ logic 
ROW; ES cal 
7287297 vn 


(b) 


Fig. 13 Equivalent configuration of inputs: (a) COL1, 2, 3 and 4; (b) ROW1, 2, 3 and 4. — 
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COL4 


VL 
Rx 1M2 oc 
R 
i LP 
182 | 
Cy x 1.c 
2x 10 nF . 
2 
BAV10 F FE? 
& Om) 100 10 nF TEA1046 
nF 
line 36kQ 1 
2x 
BZW14 


7Z87301.2 


Fig. 14 Application diagram TEA1046 using dynamic transducers, Rs, Rat, Rz | and Rt Ls deter- 
mined by transducers and system requirements. | 
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VERSATILE TELEPHONE TRANSMISSION CIRCUITS 
WITH DIALLER INTERFACE 


GENERAL DESCRIPTION 


The TEA1060 and TEA1061 are bipolar integrated circuits performing all speech, and line interface 
functions required in fully electronic telephone sets. The circuits internally perform electronic switching 
between dialling and speech. 


Features 


Voltage regulator with adjustable static resistance 

Provides supply for external circuitry : 

Symmetrical low-impedance inputs for dynamic and magnetic microphones (TEA1060) 
Symmetrical high-impedance inputs for piezoelectric microphone (TEA1061) 
Asymmetrical high-impedance input for electret microphone (TEA1061) 

DTMEF signal input with confidence tone 

Mute input for pulse or DTMF dialling 

Power down input for pulse dial or register recall 

Receiving amplifier for magnetic, dynamic or piezoelectric earpieces 

Large amplification setting range on microphone and earpiece amplifiers 

Line loss compensation facility, line current dependent (microphone and earpiece amplifiers) 
Gain control adaptable to exchange supply 

Possibility of DC line voltage adjustment 


QUICK REFERENCE DATA 


Line voltage at ljjng = 15 MA VEN typ. 445 V 
Line current operating range (pin 1) Mine 10 to 140 mA 
Internal supply current 
power down input LOW Icc typ. 1 mA 
power down input HIGH Icc typ. 55 yA 


Supply current for peripherals 
at line = 15 mA, mute input HIGH 
Vec> 2,2 V Ip max. 2,5 mA 
Vee > 3,0 V Ip max. 1,2 mA 


Voltage amplification range 
microphone amplifier 


TEA1060 Ava 44 to 60 dB 

TEA1061 Avd 30 to 46 dB 

receiving amplifier Avd 17 to 39 dB 
Line loss compensation 

Amplification control range AAvg typ. 6 dB 

Exchange supply voltage range Vexch 24 to 60 V 

Exchange feeding bridge resistance range Rexch 400 to 1000 22 
Operating ambient temperature range Tamb —29 to +75 °C 
PACKAGE OUTLINE 


18-lead DIL; plastic (SOT-102HE). 
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TEA1060 
TEA1061 


MIC+ 


MIC— 


DTMF 


MUTE i 


SUPPLY AND 
PD , 
NCE 


REFERE 


VEE REG AGC STAB -7286758.1-  SLPE 


Fig. 1 Block diagram. 


GAR 


—— OR+ 


QR-— 


GAS 1 


GAS2 


The blocks marked ‘’dB” are attenuators. The block marked (1) is only present in the TEA1061. 
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TEA1061 


Versatile telephone transmission circuits _ 


with dialler interface 


PINNING 
1 LN positive line connection 
GAS1 gain adjustment connection, sending amplifier 
GAS2 gain adjustment connection, sending amplifier 
OQR— inverting output, receiving amplifier 


2 
3 
4 
5 OQR+t non-inverting output, receiving amplifier 
6 
7 
8 


GAR gain adjustment connection, receiving amplifier 
MIiCc— non-inverting microphone input 
MIC+ inverting microphone input 
9 STAB current stabilizer connection 
TEA1060 
TEA1061 10 VEE negative line connection 
17. IR receiving amplifier input 
12 PD power-down input 


13. DTMF — dual-tone multi-frequency input 
14 MUTE mute input 


15 Vec positive supply decoupling connection 
rare 16 REG voltage regulator decoupling connection 
17. AGC automatic gain control input 
Fig. 2 Pinning diagram. 18 SLPE slope (d.c. resistance) adjustment connection 


FUNCTIONAL DESCRIPTION 
Supply: Vcc, LN, SLPE, REG and STAB 


The circuit and its peripheral circuits usually are supplied from the telephone line. The circuit develops 
its own supply voltage at Vcc and regulates its voltage drop. The supply voltage Vcc may also be used 
to supply external peripheral circuits, e.g. dialling and control circuits. 


The supply has to be decoupled by connecting a smoothing capacitor between Vcc and Veg; the 
internal voltage regulator has to be decoupled by a capacitor from REG to Ver. An internal current 
stabilizer is set by a resistor of 3,6 kQ2 between STAB and Ver. 


The d.c. current flowing into the set is determined by the exchange supply voltage (Vexch), the feeding 
bridge resistance (Rexc¢p), the d.c. resistance of the subscriber line (Rjj,@) and the d.c. voltage on the 
subscriber set (see Fig. 3). 


If the line current (Ijine) exceeds the current I¢c + 0,5 mA required by the circuit itself (I¢¢ ca. 1 mA), 
plus the current Ip required by the peripheral circuits connected to Vcc, then the voltage regulator 
diverts the excess current via LN. 


The voltage regulator adjusts the average voltage on LN to: 

VLN = Vref t ISLPE X R9 = Vref + (Hine — !oc — 0,5 x 10° — Ip) x R9. 
Vref being an internally generated temperature compensated reference voltage of 4,2 V and R9 being 
an external resistor connected between SLPE and Ver. The preferred value of RQ is 20 $2. Changing 
R9 will have influence on microphone gain, DTMF gain, gain control characteristics, side tone and 
maximum output swing on LN. 
Under normal conditions Is, pg > |Icc + 0,5 mA + Ip. The static behaviour of the circuit then equals a 
4,2 V voltage regulator diode with an internal resistance RY. In the audio frequency range the dynamic 
impedance equals R1. The internal reference voltage can be adjusted by means of an external resistor 
RVA. 


August 1985 611 


TEA1060 
TEA1061 


FUNCTIONAL DESCRIPTION (continued) 
Supply: Vcc, LN, SLPE, REG and STAB (continued) 


This resistor connected between pins 1 and 16 (LN and REG) will decrease the internal reference 
voltage. Riya connected between pins 16 and 18 (REG and SLPE) will increase the internal reference 
voltage. 


The current |p available from Vcc for supplying peripheral circuits depends on external components 
and on the line current. Fig. 4 shows this current for Vcc > 2,2 V and for Vcc > 3 V. Of which 3 V 
is the minimum supply voltage for most CMOS circuits including a diode voltage drop for an enable 

diode. If MUTE is LOW the available current is further reduced when the receiving amplifier is driven. 


Microphone inputs MIC+ and MIC— and gain adjustment connections GAS1 and GAS2 


The TEA1060 and TEA1061 have symmetrical microphone inputs. 

The TEA1060 is intended for low-sensitivity low-impedance dynamic or magnetic microphones. Its 
input impedance is 8,2 kQ (2 x 4,1 kQ and its voltage amplification is typ. 52 dB. 

The TEA1061 is intended for a piezoelectric microphone or an electret microphone with built-in FET 
source follower. Its input impedance is 40,8 kQ (2 x 20,4 kQ) and its voltage amplification is typ. 

38 dB. The arrangements with the microphone types mentioned are shown in Fig. 5. 


The amplification of the microphone amplifier in both types can be adjusted over a range of + and 
—8 dB to suit the sensitivity of the transducer used. The amplification is proportional to external 
resistor R7 connected between GAS1 and GAS2. 


An external capacitor C6 of 100 pF between GAS1 and SLPE is required to ensure stability. A larger 
value may be chosen to obtain a first-order low-pass filter. The cut-off frequency corresponds with the 
time constant R7 x C6. 


Mute input MUTE 


A HIGH level at MUTE enables the DTMF input and inhibits the microphone inputs and the receiving 
amplifier, a LOW level or an open circuit does the reverse. Switching the mute input will cause 
negligible clicks at the telephone outputs and on the line. 


Dual-tone multi-frequency input DTMF 


When the DTMF input is enabled, dialling tones may be sent onto the line. The voltage amplification 
from DTMF to LN is typ. 25,5 dB and varies with R7 in the same way as the amplification of the 
microphone amplifier. The signalling tones can be heard in the earpiece at a low level (confidence tone). 


Receiving amplifier: 1[R, QR+, QR— and GAR 


The receiving amplifier has one input |R and two complementary outputs, a non-inverting output OR+ 
and an inverting output QR—. These outputs may be used for single-ended or for differential drive, 
depending on the sensitivity and type of earpiece used (see Fig. 6). Amplification from IR to QR + is 
typ. 25 dB. This will be sufficient for low-impedance magnetic or dynamic earpieces; these are suited 
for single-ended drive. By using both outputs (differential drive) the amplification is increased by 6 dB 
and differential drive becomes possible. This feature can be used in case the earpiece impedance 
exceeds 450 (2 (high-impedance dynamic, magnetic or piezoelectric earpieces). 


The output voltage of the receiving amplifier is specified for continuous-wave drive. The maximum 
output voltage will be higher under speech conditions, where the ratio of peak and r.m.s. value is higher. 


The amplification of the receiving amplifier can be adjusted over a range of + and —8 dB to suit the 
sensitivity of the transducer used. The amplification is proportional to external resistor R4 connected 
from GAR to OR+. | | | 
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Versatile telephone transmission circuits 


with dialler interface 


Two external capacitors C4 = 100 pF and C7 = 10 x C4 = 1 nF are necessary to ensure stability. 
A larger value of C4 may be chosen to obtain a first-order low-pass filter. The ‘‘cut-off” frequency 
corresponds with the time constant R4 x C4. 


Automatic gain control input AGC 


Automatic line loss compensation will be obtained by connecting a resistor R6 from AGC to Vee. 
This automatic gain control varies the amplification of the microphone amplifier and the receiving 
amplifier in accordance with the d.c. line current. The control range is 6 dB. This corresponds with a 
line length of 5 km for a 0,5 mm diameter copper twisted-pair cable with a d.c. resistance of 176 Q/km 
and an average attenuation of 1,2 dB/km. 

Resistor R6 should be chosen in accordance with the exchange supply voltage and its feeding bridge 
resistance (see Fig. 7 and Table 1). Different values of R6 give the same ratio of line currents for begin 
and end of the control range. 

If automatic line loss compensation is not required AGC may be left open. The amplifiers then all give 
their maximum amplification as specified. 


Power-down input PD 


During pulse dialling or register recall (timed loop break) the telephone line is interrupted, as a 
consequence it provides no supply for the transmission circuit and the peripherals connected to Vcc. 
These gaps have to be bridged by the charge in the smoothing capacitor C1. The requirements on this 
capacitor are relaxed by applying a HIGH level to the PD input during the time of the loop break, 
which reduces the supply current from typ. 1 mA to typ. 55 pA. 


A HIGH level at PD further disconnects the capacitor at REG, with the effect that the voltage stabilizer 
will have no switch-on delay after line interruptions. This results in no contribution of the IC to the 
current waveform during pulse dialling or register recall. 


When this facility is not required PD may be left open. 


Side-tone suppression 


Suppression of the transmitted signal in the earpiece is obtained by the anti-side-tone network 
consisting of R1//Zjjne, R2, R3, R8 and Zpay (see Fig. 10). Maximum compensation is obtained when 
the following conditions are fulfilled: 


a) R9.R2 = R1(R3 + [R8//Zpall ) 
b) [Zpai/(Zpai + R8B)] = [Zjine/(Zjine + R1)] 


If fixed values are chosen for R1, R2, R3 and RY, then condition a) will always be fulfilled provided 
that |R8//Zpaj| < R3. 


To obtain optimum side-tone-suppression, condition b) has to be fulfilled resulting in: 
Zpbal = (R8/R1)Ziine = k.Zline | 
where k is a scale factor; k = (R8/R1) 


Scale factor k (value of R8) must be chosen to meet the following criteria: 
— compatibility with a standard capacitor from the E6 or E12 range for Zp) 


— IZpa\//R8 | <R3 
— IZpbai+ R8| > RY 


In practice Z|jne varies strongly with line length and cable type; consequently an average value has to 
be chosen for Zpa}. The suppression further depends on the accuracy with which Zp, equals the 
average line impedance. 
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FUNCTIONAL DESCRIPTION (continued) 
Side-tone suppression (continued) 


The anti-side-tone network as used in the standard application (Fig. 10) attenuates the signal from the 
line with 32 dB. The attenuation is nearly flat over the audio-frequency range. 

Instead of the above described special bridge, the conventional Wheatstone bridge configuration can 
be used as an alternative anti-side tone circuit. Both bridges can be used with either a resistive set 
impedance or with a complex set impedance. 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Positive line voltage (d.c.) | VEN max. 12 V 


Repetitive line voltage during switch-on 
or line interruption VLN max. 13,2 V 


Repetitive peak line voltage 
tp/P = 1 ms/5 s; 


R19 = 13 2; Rg = 20 Q (see Fig. 10) VLN(RM) max. 28 V 
— Line current — Hine max. 140 mA 
Voltage on all other pins Vj max. Vcct+0,7 V 
—Vj max. 0,7 V 
Total power dissipation : Prot max. 640 mW 
Storage temperature range Tstg —40 to+ 125 OC 
Operating ambient temperature range Tamb —25to +75 °C 
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Versatile telephone transmission circuits 


with dialler interface 


CHARACTERISTICS 
line = 10 to 140 mA; Veg = 0 V; f = 800 Hz; Tamb = 25 OC, RO = 20 22; unless otherwise specified 


Supply: LN and Vcc (pins 1 and 15) 
Voltage drop over circuit 


at ljine =5 MA VEN 

at ljine = 15 MA VEN 

at Iline = 100 mA. VEN 

at Ijine = 140 mA VEN 
Variation with temperature 

at ltineg = 15 MA AV N/AT 


Voltage drop over circuit 
at line = 19 MA 


RvA = R1.16 = 68 kX VLN 

RvA = 216-18 = 39 k& VLN 
Supply current 

PD = LOW; Vcc = 2,8 V Icc 

PD = HIGH; Vcc = 2,8 V Icc 


Microphone inputs MIC+ and MIC (pins 7 and 8) | 


Input impedance 
TEA1060 
TEA1061 


Common-mode rejection ratio; TEA1060 


Voltage amplification 
Nine = 15 mA; R7 = 68 kQQ 
TEA1060 
TEA1061 


Variation with frequency 
at f = 300 to 3400 Hz 


Variation with temperature at 
ine = 50 MA; Tamb = —25 to + 75 OC 


Dual-tone multi-frequency input DTMF (pin 13) 
Input impedance 


Voltage amplification 

Nine = 15 mA; R7 = 68 kQ 
Variation with frequency 

f = 300 to 3400 Hz 


Variation with temperature at 
line = 50 MA; Tampb = —25 to + 75 OC 


Gain adjustment GAS1 and GAS2 (pins 2 and 3) 


Amplification variation with R7 connected 
between pins 2 and 3; transmitting amplifier 
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CHARACTERISTICS (continued) 


ee nom Toe Toe De 


Transmitting simplifier output LN (pin 1) 


Output voltage at Ijjne = 15 mA; 
dtot = 2% 
dtot = 10% 
Noise output voltage 
Nine = 15 mA; R7 = 68 kQ; pins 7 and 8 open 
psophometrically weighted (P53 curve) 


VELN(rms) 
VLN(rms) 


Vno(rms) 


Receiving amplifier input IR (pin 11) 


Input impedance IZjs| 


Receiving amplifier outputs OR+ and OR— 
(pins 5 and 4) 


Output impedance; single-ended 


IZo5| 
Voltage amplification from pin 11 to pin 4 or 5 
Nine = 15 mA; R4= 100 kQ; 
single-ended; Ry = 300 22 
differential; Ry = 600 Q 


Variation with frequency 
f = 300 to 3400 Hz 


Variation with temperature 
line = 90 MA; Tamb = —25 to + 75 OC 


Output voltage at Ip = 0; dtot = 2%; 
sine-wave drive; R4 = 100 kQ 
single-ended; Ry = 150 2 
single-ended; Ry = 450 22 
differential; Cy = 47 nF 
~ Reerjes = 100 22; f = 3400 Hz 


Noise output voltage 
line = 15 MA; R4 = 100 kQ; pin 11 open 
psophometrically weighted (P53 curve) 
single-ended; Ry = 300 Q 

differential; Ry = 600 Q 


Avd 
Avd 


AA\vgq/Af 


AA\vg/AT 


Vo(rms) 
Vo(rms) 


Vo(rms) 


Vno(rms) 
Vnol rms) 


Gain adjustment GAR (pin 6) 


Amplification variation with R4 
between pins 6 and 5; receiving amplifier 


AA\vd 


MUTE input (pin 14) 


_ Input voltage 
HIGH 
LOW 


Input current 
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Reduction of voltage amplification from 
MIC + and MIC— to LN at MUTE = HIGH 


Voltage amplification 
from DTMF to QR+ or OR-; 
MUTE = HIGH; R4 = 100 kQQ2; 
single-ended load R,; = 300 22 


Versatile telephone transmission circuits 


with dialler interface 


Power down input PD (pin 12) 


Input voltage 
HIGH 
LOW 


Input current 


Automatic gain control input AGC (pin 17) 


Controlling the gain from pin 11 to pins 4-5 
and the gain from pins 7-8 to pin 1 
R6 = 110 kQ (connected between pins 17 
and 10) amplification control range 


Highest line current for maximum 
amplification 


Lowest line current for minimum 
amplification 
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 TEA1060 


TEA1061 
Riine Nine Ri 
Per es | 
| 
Y'p 
TEA1060 | 
Rexch TEA1061 j 


= peripheral 
circuits 


7286754.2 


Fig. 3 Supply arrangement. 


7Z86750.2 


15 mA at Vin = 4,45 V 
6202 
202 


line 


—_ 
fou 


Fig. 4 Maximum current Ip available from Vcc for external (peripheral) circuitry with Vcc > 2,2 V 
and Vcc > 3 V. Curves (a) and (a’) are valid when the receiving amplifier is not driven or when 
MUTE = HIGH, curves (b) and (b’) are valid when MUTE = LOW and the receiving amplifier is driven, 
Vo(rms) = 150 mV, R_ = 150 Q (asymmetrical). 

a) = 2,55 mA; b) = 2,1 mA; a’) = 1,2 mA and b’) = 0,75 mA. 
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7286748.1 


(a) (b) (c) 


Fig. 5 Alternative microphone arrangements. a) magnetic or dynamic microphone, TEA1060. The 
resistor marked (1) may be connected to lower the terminating impedance. b) electret microphone, 


TEA1061. c) piezoelectric microphone, TEA1061. 


ort ar+ on+ OR+ 

ar-4 | 

Vee or- [4 ar- 4 oR- | 
7Z86747.1 


(a) (b) (c) (d) 


Fig. 6 Alternative receiver arrangements. a) dynamic telephone with less than 450 {2 impedance. 

b) dynamic telephone with more than 450 2 impedance. c) magnetic telephone with more than 

450 2 impedance. The resistor marked (1) may be connected to prevent distortion (inductive load) 

d) piezoelectric telephone. The resistor marked (2) is required to increase the phase margin (capacitive 


load). 
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7Z286749.1 
R6 = oo 
0 
AAvg 
(dB) 
-2 
R9=20 | 
~4 48,7 kQ \78,7 kQ 
-6 
Se ee en eee 
0 20 40 60 80 100 120 140 


Nine (MA) 


Fig. 7 Variation of amplification with line current, with R6 as a parameter. 


Table 1. Values of resistor R6 for optimum line loss compensation, for various usual values of exchange 
supply voltage Vex¢eh and exchange feeding bridge resistance Reyeh; RO = 20 2. 
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line 


Vo 
_ TEAIOG 
+ TEA1061 
cS 100 HF = 10 to 140mA 
10 pF & 
© 
ViCy) 
GAS2 
AGC STAB SLPE 
7Z286755.2 


Fig. 8 Test circuit for defining voltage amplification of MIC+, MIC— and DTMF inputs. Voltage 
amplification is defined as: Ayq = 20 log |VQ/Vj|. For measuring the amplification from MIC + and 
MIC— the MUTE input should be LOW or open, for measuring the DTMF input MUTE should be 
HIGH. Inputs not under test should be open. 


6202 
+ 


R4 C4 
100 
TEA1060 KO 100 pF 
TEA1061 es 
10 to 140mA 
C7 1nF Ree 
i 
C6 
Ghee 100 pF 
STAB SLPE 
C3 ca Re 
4,7 uF ee 
7286756.2 


Fig. 9 Test circuit for defining voltage amplification of the receiving amplifier. Voltage amplification 
is defined as: Aygq = 20 log [V/V jl. 
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TEA1060 
TEA1061 


from dial 


control circuits 


Mic— 
SLPE 


GAS 1 


7Z86757.3 


Fig. 10 Typical application of the TEA1060 or TEA1061, shown here with a piezoelectric earpiece and DTMF dialling. The bridge to the left and 
R10 limit the current into the circuit and the voltage across the circuit during line transients. Pulse dialling or register recall require a different 
protection arrangement. 
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Versatile telephone transmission circuits 
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TEA1060 
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DTMF 
DIALLER 


telephone 


line 7286751.1 
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telephone 
line 
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Fig. 11 Typical applications of the TEA1060 or TEA1061 (simplified). a) DTMF set with a CMOS 
DTMF dialling circuit. The dashed lines show an optional flash (register recall by timed loop break). 
b) Pulse dial set with the one of the PCD3320 family of CMOS interrupted current-loop dialling 
circuits. c) Dual-standerd (pulse and DTMF) feature phone with the PCD3343 CMOS telephone 
controller and the PCD3312 CMOS DTMF generator with I?C bus. 
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VERSATILE TELEPHONE TRANSMISSION CIRCUIT 
WITH DIALLER INTERFACE 


GENERAL DESCRIPTION 


The TEA1066T is a bipolar integrated circuit performing al! speech, and line interface functions 
required in fully electronic telephone sets. The circuit internally performs electronic switching between 
dialling and speech. 


Features 


Voltage regulator with adjustable static resistance 

Provides supply for external circuitry 

Symmetrical low-impedance inputs for dynamic and magnetic microphones 
Symmetrical high-impedance inputs for piezoelectric microphone 
Asymmetrical high-impedance input for electret microphone 

DTMEFE signal input with confidence tone 

Mute input for pulse or DTMF dialling 

Power down input for pulse dial or register recall 

Receiving amplifier for magnetic, dynamic or piezoelectric earpieces 

Large amplification setting range on microphone and earpiece amplifiers 
Line loss compensation facility, line current dependent (microphone and earpiece amplifiers) 
Gain control adaptable to exchange supply 

Possibility of d.c. line voltage adjustment 


QUICK REFERENCE DATA 


Line voltage at Ijjng = 15 MA ViN _ typ. 4,45 V 
Line current operating range line 10 to 100 mA 
Internal supply current 
power down input LOW Icc typ. 1 mA 
power down input HIGH Icc typ. 55 wA 
Voltage amplification range microphone amplifier 
low impedance inputs (pins 9 and 7) Avd 44 to 60 dB 
high impedance inputs (pins 10 and 8) Avd 30 to 46 dB 
receiving amplifier Avd 17 to 39 dB 


Supply current for peripherals 
Nine = 15 mA; MUTE input HIGH 


Vec> 2,2 V Ip max. 2,5 mA 

Vec> 3,0 V Ib max. 1,2 mA 
Line loss compensation 

Amplification contro! range AAvg _ typ. 6 dB 

Exchange supply voltage range Vexch 24 to 60 V 

Exchange feeding bridge resistance range Rexch 400 to 1000 2 
Operating ambient temperature range Tamb —25 to +75 °C 
PACKAGE OUTLINE 


20-lead MINI-PACK;; plastic (SO-20; SOT-163A). 
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Fig. 1 Block diagram. 


The blocks marked ‘’dB”’ are attenuators. 
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Versatile telephone transmission circuit  TEAIO66T 
with dialler interface 


PINNING 
1 LN positive line terminal 
2 GAS1 gain adjustment transmitting amplifier 
3 GAS2 gain adjustment transmitcing amplifier 
4 QR-— inverting output, receiving amplifier 
5 OQOR+t non-inverting output, receiving 
amplifier 
6 GAR gain adjustment receiving amplifier 
7 MICL— inverting microphone input, 
TEA1066T low impedance 
8 MICH— _ inverting microphone input, 


high impedance 
9 MICL+t non-inverting microphone input, 
low impedance 
10 MICH+ non-inverting microphone input, 
high impedance 
11 STAB current stabilizer 


BISETE 12. Veg negative line terminal 
13 IR receiving amplifier input 
14 PD power-down input 


ae ee ! . 
ig. 2 Pinning diagram 15 DTMF — dual-tone multi-frequency input 


16 MUTE mute input 


17. Vee positive supply decoupling 
18 REG voltage regulator decoupling 
19 AGC automatic gain control input 


20 SLPE slope (d.c. resistance) adjustment 


FUNCTIONAL DESCRIPTION 
Supply: Vcc, LN, SLPE, REG and STAB 


The circuit and its peripheral circuits usually are supplied from the telephone line. The circuit develops 
its own supply voltage at Vcc and regulates its voltage drop. The supply voltage Vcc may also be used 
to supply external peripheral circuits, e.g. dialling and control circuits. 


The supply has to be decoupled by connecting a smoothing capacitor between Vcc and Veg; the 
internal voltage regulator has to be decoupled by a capacitor from REG to V_er. An internal current 
stabilizer is set by a resistor of 3,6 kQ. between STAB and Veer. 


The d.c. current flowing into the set is determined by the exchange supply voltage Vexch, the feeding 
bridge resistance Reych, the d.c. resistance of the subscriber line Rjjj7e and the d.c. voltage on the 
subscriber set (see Fig. 3). 


If the line current l}jjp@ exceeds the current Icc + 0,5 mA required by the circuit itself, about 1 mA, 
plus the current Ip required by the peripheral circuits connected to Vcc, then the voltage regulator 
diverts the excess current via LN. 


The voltage regulator adjusts the average voltage on LN to: 

VLN = Vref + ISLPE X RO = Vreg t+ (Hine — lec — 0,5 x 10°°— Ib) x RO. Veeg being an internally 
generated temperature compensated reference voltage of 4,2 V and RQ being an external resistor 
connected between SLPE and Ver. The preferred value for RQ is 20 82. Changing RQ will have 
influence on microphone gain, gain control characteristics, side tone and maximum output swing on LN. 
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FUNCTIONAL DESCRIPTION (continued) 


Under normal conditions Is; pe > Icc + 0,5 mA + Ip. The static behaviour of the circuit then equals a 
4,2 V voltage regulator diode with an internal resistance RQ. In the audio frequency range the dynamic 
impedance equals R1. The internal reference voltage can be adjusted by means of an external resistor 
Rva. This Ry a connected between LN and REG (pins 1 and 16) will decrease the internal reference 
voltage. Ry connected between REG and SLPE (pins 16 and 18) will increase the internal reference 
voltage. 


The current ly available from Vcc for supplying peripheral circuits depends on external components 
and on the line current. Fig. 4 shows this current for Vcc > 2,2 V and > 3 V. 3 volt being the 
minimum supply voltage for most CMOS circuits including a diode voltage drop for an enable diode. 
If MUTE is LOW the available current is further reduced when the receiving amplifier is driven. 


Microphone inputs MICL+, MICH+, MICL— and MICH— and gain adjustment connections GAS1 and 
GAS2 


The TEA1066T has symmetrical microphone inputs. The MICL+ and MICL— inputs are intended for 
low-sensitivity, low-impedance dynamic or magnetic microphones. Input impedance is 8,2 kQ2 

(2 x 4,1 kQ) and its voltage amplification is typ. 52 dB. The MICH+ and MICH— inputs are intended 
for a piezoelectric microphone or an electret microphone with built-in FET source follower. Its input 
impedance is 40,8 kQ (2 x 20,4 kQ) and its voltage amplification is typical 38 dB. 

The arrangements with the microphone types mentioned are shown in Fig. 5. 


The amplification of the microphone amplifiers can be adjusted over a range of + and —8 dB to suit 
the sensitivity of the transducer used. The amplification is proportional to external resistor R7 
connected between GAS1 and GAS2. 


An external capacitor C6 of 100 pF between GAS1 and SLPE is required to ensure stability. A larger 
value may be chosen to obtain a first-order low-pass filter. The cut-off frequency corresponds with the 
time constant R7 x C6. 


Mute input MUTE 


A HIGH level at MUTE enables the DTMF input and inhibits the microphone inputs and the receiving 
amplifier; a LOW level or an open circuit does the reverse. Switching the mute input will cause 
negligible clicks at the telephone outputs and on the line. 


Dual-tone multi-frequency input DTMF 


When the DTMF input is enabled, dialling tones may be sent onto the line. The voltage amplification 
from DTMF to LN is typ. 25,5 dB and varies with R7 in the same way as the amplification of the 
microphone amplifier. The signalling tones can be heard in the earpiece at a low level (confidence tone). 


Receiving amplifier: IR, OR+, QR— and GAR 


The receiving amplifier has one input 1R and two complementary outputs, a non-inverting output OR+ 
and an inverting output QR—. These outputs may be used for single-ended or for differential drive, 
depending on the sensitivity and type of earpiece used (see Fig. 6). Amplification from 1R to OR+ is 
typ. 25 dB. This will be sufficient for low-impedance magnetic or dynamic earpieces; these are suited 
for single-ended drive. By using both outputs (differential drive) the amplification is increased by 6 dB 
and differential drive becomes possible. This feature can be used in case the earpiece impedance 
exceeds 450 2 (high-impedance dynamic, magnetic or piezo-electric earpieces. 


The output voltage of the receiving amplifier is specified for continuous-wave drive. The maximum 
output voltage will be higher under speech conditions, where the ratio of peak and r.m.s. value is higher. 


628 August 1985 


Versatile telephone transmission circuit TEAIO66T 
with dialler interface 


The amplification of the receiving amplifier can be adjusted over a range of + and —8 dB to suit the 
sensitivity of the transducer used. The amplification is proportional to external resistor R4 connected 
from GAR to OR+. 


Two external capacitors C4 = 100 pF and C6 = 10 x C4 = 1 nF are necessary to ensure stability. A larger 
value of C4 may be chosen to obtain a first-order, low-pass filter. The ‘‘cut-off’ frequency corresponds 
with the time constant R4 x C4. 


Automatic gain control input AGC 


Automatic line loss compensation will be obtained by connecting a resistor R6 from AGC to V_eF. This 
automatic gain control varies the amplification of the microphone amplifier and the receiving amplifier 
in accordance with the d.c. line current. The control range is 6 dB. This corresponds with a line length 
of5km fora 0,5 mm diameter copper twisted-pair cable with a d.c. resistance of 176 {2/km and an 
average attenuation of 1,2 dB/km. 


Resistor R6 should be chosen in accordance with the exchange supply voltage and its feeding bridge 
resistance (see Fig. 7 and Table 1). Different values of R6 give the same ratio of line currents for begin 
and end of the control range. 


If automatic line loss compensation is not required AGC may be left open. The amplifiers then all give 
their maximum amplification as specified. 


Power-down input PD 


During pulse dialling or register recall (timed loop break) the telephone line is interrupted, as a 
consequence it provides no supply for the transmission circuit and the peripherals connected to Vcc. 
These gaps have to be bridged by the charge in the smoothing capacitor C1. The requirements on this 
capacitor are relaxed by applying a HIGH level to the PD input during the time of the loop break, 
which reduces the supply current from typ. 1 mA to typ. 55 pA. 

A HIGH level at PD further disconnects the capacitor at REG, with the effect that the voltage stabilizer 
will have no switch-on delay after line interruptions. This results in no contribution of the IC to the 
current waveform during pulse dialling or register recall. 

When this facility is not required PD may be left open. 


Side-tone suppression 


Suppression of the transmitted signal in the earpiece is obtained by the anti-side-tone network con- 
sisting of R1//Zjjne, R2, R3, R8, RY and Zp, (see Fig. 10). Maximum compensation is obtained when 
the following conditions are fulfilled: | 

a) R9.R2=R1(R3 + [R8//Zpa)] ) 

b) [Zpai/(Zpai + R8)) = [Zjine/(Ztine + R17! 
If fixed values are chosen for R1, R2, R3 and RQ, then condition a) will always be fulfilled provided 


that |R8//Zpa)| < R3. 
To obtain optimum side tone suppression, condition b) has to be fulfilled resulting in: 


Zbal = (R8/R1) Zhine = k.Zine 
where k is a scale factor; k = (R8/R1). 


Scale factor k (value of R8) must be chosen to meet the following criteria: 
— compatibility with a standard capacitor from the E6 or E12 range for Zp, 
— |Zpqi//R8| « R3 
— {Zpai+ R8| > RY 
In practice Z)j\ne varies strongly with line length and cable type; consequently an average value has to 


be chosen for Zphaj. The suppression further depends on the accuracy with which Zpaj/k equals the 
average line impedance. 
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FUNCTIONAL DESCRIPTION (continued) 


The anti-side-tone network as used in the standard application (Fig. 10) attenuates the signal from the 
line with 32 dB. The attenuation is nearly flat over the audio-frequency range. 

Instead of the above described special TEA1066 bridge, the conventional Wheatstone bridge configura- 
tion can be used as an alternative anti-side-tone circuit. Both bridge types can be used with either a 
resistive set impedance or with a complex set impedance. 


RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Positive line voltage (d.c.) | VEN max, 12 V 


Repetitive line voltage during switch-on 
or line interruption VEN max. 13,2 V 


Repetitive peak line voltage 
tp/P = 1 ms/5 s; Rjim = 13 Q,; 


R19 = 13 Q; Rg = 20 Q2 (see Fig. 10) VLN(RM) max. 28 V 
Line current line max. 100 mA 
Voltage on all other pins Vj max. Vcct0,7 V 

—V; max, 0,7 V 
Total power dissipation Prot max. 450 mW 
Storage temperature range T stg —40 to+ 125 °C 
Operating ambient temperature range Tamb 25 to +75 9C 
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with dialler interface 


CHARACTERISTICS 
line = !4 = 10 to 100 mA; Veg = 0 V; f = 800 Hz; RO = 2022; Tamp = 25 OC; unless otherwise 
specified. 


monet in [om J om [| 


Supply: LN and Vcc (pins 1 and 17) 


Voltage drop over circuit 
at lling= OmA 
at Iline = 15 mA 
at Iline = 100 mA 


Voltage drop variation 
with temperature at ljj,7g = 15 MA 


Voltage drop over circuit at Ijjng = 15 mA; 
Rv = R41.16 = 68 kQ 
Rv = R1g.20 = 39 kQ 


Supply current (pin 17) 
PD (pin 14) = LOW; Vcc = 2,8 V 
PD (pin 14) = HIGH; Vee = 2,8 V 


Microphone inputs MICL+ and MICL—; 
MICH+ and MICH— 


Input impedance 
MICL+ (pin 9); MICL— (pin 7) 
MICH+ (pin 10); MICH— (pin 8) 


Common-mode rejection ratio 


Voltage amplification 
at I}jne = 15 MA; R7 = 68 kQ 
MICL+; MICL— 
MICH+; MICH— 


Variation with frequency 
at f = 300 to 3400 Hz 


Variation with temperature at 
line = 50 MA; Tamb = —25 to + 75 OC 


Dual-tone multi-frequency input DTMF (pin 15) 


Input impedance 


Voltage amplification (pin 15 to pin 1) 
at line = 15 MA; R7 = 68 kQ 

Variation with frequency 

at f = 300 to 3400 Hz 


Variation with temperature at 
Hine = 90 MA; Tamb = —25 to + 75 OC 
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CHARACTERISTICS (continued) 


Gain adjustment connections GAS1 and GAS2 
(pins 2 and 3) 


Amplification variation with R7, 


transmitting amplifier dB 


Transmitting amplifier output LN (pin 1) 
Output voltage at jing = 15 mA; 
dtot = 2% VLN(rms) V 
dtot = 10 % VLN(rms) V 
Noise output voltage | 
at IWine = 15 MA; R7 = 68 kQD; 
microphone inputs open; 
psophometrically weighted (P53 curve) Vno(rms) dBmp 


Receiving amplifier input IR (pin 13) 
Input impedance IZjs| kKQ 


Receiving amplifier outputs OQR+ and OR— 
(pins 5 and 4) 


Output impedance; single-ended IZos|- Q 


Voltage amplification from pin 13 to pins 4 or 5 
line = 15 mA; R4 = 100 kQQ; 


single-ended; Ry = 300 Q Avd dB 
differential; Ry = 600 Q Avd dB 
Amplification variation 
at f = 300 to 3400 Hz AAyq/Af - dB 
Amplification variation 
line = 90 MA; Tamb = —25 to + 75 PC AAyg/AT | dB 


Output voltage at 1, = 0; drot = 2%, 
sine-wave drive; R4 = 100 k& 


single-ended; Ry = 150 2 Vol(rms) V 
single-ended; Ry = 450 Q Vo(rms) V 
differential; Cy; = 47 nF; 

Reeries = 100 &; f = 3400 Hz Vo(rms) V 


Noise output voltage 
line = 15 mA; R4 = 100 kQ; 
pin 13 (IR) open , 
psophometrically weighted (P53 curve) 
single-ended R, = 300 2 Vno(rms) pV 
differential Ry = 600 2 Vno(rms) UV 


Gain adjustment GAR (pin 6) 


Amplification variation with R4 connected 
between pin 6 and pin 5; receiving amplifier AAvd dB 
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Versatile telephone transmission TEA1066T 
with dialler interface 


MUTE input (pin 16) 
Input voltage 


HIGH Vee | Vv 

LOW 0,3 V 
Input current 10 LA 
Reduction of voltage amplification from 

MICL+ (pin 9) and MICL— (pin 7) 

to LN (pin 1) at MUTE = HIGH — dB 
Voltage amplification from DTMF to OQR+ 

or OR— at MUTE = HIGH; R4 = 100 kQ2 

single-ended load Ry = 300 22 —17 | dB 
Power-down input PD (pin 14) 
Input voltage 

HIGH Vec | V 

LOW 0,3 V 
Input current 10 vA 
Automatic gain control input AGC (pin 19) 
Amplification control range from pin 13 

to pins 4 and 5 from pins 9 and 7 to pin 1 

R6 = R49.42 = 110 kQ 

Amplification control range ~ dB 
Highest line current 

for maximum amplification — mA 
Lowest line current 

for minimum amplification — mA 
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Fig. 4 Maximum current Ip available from Vcc for external (peripheral) circuitry with Vcc > 2 V 
and Vcc > 3 V. Curves (a) and (a’) are valid when the receiving amplifier is not driven or when 
MUTE = HIGH, curves (b) and (b’) are valid when MUTE = LOW and the receiving amplifier is driven, 
Vo(rms) = 150 mV, Ry = 150 22 (asymmetrical). 

line = 15MA; ViN = 4,45 V; R1 = 620 Q and R9=20Q. 

(a) = 2,55 mA; (b) = 2,1 mA; (a’) = 1,2 mA and (b’) = 0,75 mA. 
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MICH— 


7297177 


Fig. 5 Alternative microphone arrangements. (a) magnetic or dynamic microphone. The resistor marked 
(1) may be connected to lower the terminating impedance. (b) electret microphone, (c) piezo-electric 


microphone. 


(1) 
QR+ 2 OR+ : QR+t+ : QR+ 
or-L4 
VEE 12 QR— s OQR— = QR— 
7297178 


Fig. 6 Alternative receiver arrangements. (a) dynamic telephone with less than 450 Q impedance. 

(b) dynamic telephone with more than 450 Q impedance. (c) magnetic telephone with more than 

450 Q impedance. The resistor marked (1) may be connected to prevent distortion (inductive load). 
(d) piezoelectric telephone. The resistor marked (2) is required to increase the phase margin (capacitive 


load). 
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Nine (MA) 


Fig. 7 Variation of amplification with line current, with R6 as a parameter. 


Vexch (V) 


Table 1: Values of resistor R6 for optimum line loss compensation, for various usual values of exchange 
supply voltage Vexch and exchange feeding bridge resistance Reych; RY = 20 2. 
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Fig. 8 Test circuit for defining voltage amplification of MICL+, MICL—, MICH+, MICH— and DTMF 
inputs. Voltage amplification is defined as: Avg = 20 log |V,/Vj|. For measuring the amplification 
from MICL+; MICL— or MICH+ and MICH— the MUTE input should be LOW or open, for measuring 
the DTMF input MUTE should be HIGH. Inputs not under test should be open. 


line 


+ 
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| 6002 
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TEA1066T 
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GAS2 
AGC STAB SLPE 
20 
c3 0 
4,7 uF a 20 
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Fig. 9 Test circuit for defining voltage amplification of the receiving amplifier. Voltage amplification 
is defined as: Avg = 20 log |V,/Vj|. 
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Fig. 10 Typical application of the TEA1066T, shown here with a piezoelectric earpiece and DTMF dialling. The bridge to the left and R10 limit 
the current into the circuit and the voltage across the circuit during line transients. Pulse dialling or register recall require a different protection 
arrangement. 
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Fig. 11 Typical applications of the TEA1066T (simplified). (a) DTMF set with a CMOS DTMF dialling 
circuit. The dashed lines show an optional flash (register recall by timed loop break). 

b: Pulse dial set with one of the PCD3320 family of CMOS interrupted current-loop dialling circuits. 
(c) Dual-standard (pulse and DTMF) feature phone with the PCD3343 CMOS telephone controller and 
the PCD3312 CMOS DTMF generator with |I?C bus. 
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DEVELOPMENT DATA 
This data sheet contains advance information and . TEA1067 


specifications are subject to change without notice. 


LOW VOLTAGE VERSATILE TELEPHONE TRANSMISSION 
CIRCUIT WITH DIALLER INTERFACE 


GENERAL DESCRIPTION 


The TEA1067 is a bipolar integrated circuit performing all speech and line interface functions required 
in fully electronic telephone sets. It performs electronic switching between dialling and speech. The 
circuit is able to operate down to DC line voltage of 1,6 V (with reduced performance) to facilitate the 
use of more telephone sets in parallel. 


Features 


Low DC line voltage; operates down to 1,6 V (excluding polarity guard) 

Voltage regulator with adjustable static resistance 

Provides supply with limited current for external circuitry 

Symmetrical high-impedance inputs (64 kQ) for dynamic, magnetic or piezoelectric microphones 
Asymmetrical high-impedance input (32 kQ) for electret pucroRnene: 

DTMF signal input with confidence tone 

Mute input for pulse or DTMF dialling 

Power down input for pulse dial or register recall 

Receiving amplifier for magnetic, dynamic or piezoelectric earpieces 

Large amplification setting range on microphone and earpiece amplifiers 

Line loss compensation facility, line current dependent (microphone and earpiece amplifiers) 
Gain control adaptable to exchange supply 

Possibility to adjust the DC line voltage 


QUICK REFERENCE DATA 


Line voltage at ljjneg = 15 MA | ViLN _ typ. 3,9 V 
Line current operating range (pin 1) | 
normal operation | Hine 11 to 140 mA 
with reduced performance : Hine 1to 11 mA 
Internal supply current . 
power down input LOW Icc typ. 1 mA 
power down input HIGH Icc typ. 55 wA 


Supply current for peripherals 
at lijne = 15 MA, mute input HIGH 


Veco >2,2V Ip typ. 1,8 mA 

Veco >2,8V Ip typ. 0,7 mA 
Voltage amplification range 

microphone amplifier Avd 44 to 52 dB 

receiving amplifier Avd 20 to 45 dB 
Line loss compensation 

Amplification control range Avd typ. 6 dB 

Exchange supply voltage range Vexch 24 to 60 V 

Exchange feeding brdige resistance range Rexch 400 to 1000 2 
Operating ambient temperature range Tamb —25 to +75 °C 


PACKAGE OUTLINE 
18-lead dual in-line; plastic (SOT-102HE). 
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Fig. 1 Block diagram. 
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Low voltage versatile telephone transmission TEA1067 
circuit with dialler interface 


PINNING 


1 LN positive line terminal 

2 GAS1 | gain adjustment; transmitting amplifier 
3  GAS2 _ gain adjustment; transmitting amplifier 
4 QR— inverting output, receiving amplifier 

5 QR+ non-inverting output, receiving amplifier 
6 GAR gain adjustment; receiving amplifier 

7 MIC— — inverting microphone input 

8 


TEA1067 MIC+ — non-inverting microphone input 
9 STAB _ current stabilizer 
10 VEE negative line terminal 
11 IR receiving amplifier input 
12 PD power-down input 


13. DTMF _~ dual-tone multi-frequency input 
14 MUTE - mute input 
15 Vee positive supply decoupling 


OLN 16 REG voltage regulator decoupling 
17. AGC automatic gain control input 
Fig. 2 Pinning diagram. 18 SLPE slope (d.c. resistance) adjustment 


FUNCTIONAL DESCRIPTION 
Supply: Vcc, LN, SLPE, REG and STAB 


The circuit and its peripheral circuits usually are supplied from the telephone line. The circuit develops 
its own supply voltage at Vcc and regulates its voltage drop. The supply voltage Vcc may also be used 
to supply external peripheral circuits, e.g. dialling and control circuits. 


The supply has to be decoupled by connecting a smoothing capacitor between Vcc and Veg; the 
internal voltage regulator has to be decoupled by a capacitor from REG to V_er. An internal current 
stabilizer is set by a resistor of 3,6 kQ2 between STAB and Ver. 


The DC current flowing into the set is determined by the exchange supply voltage Vexch, the feeding 
bridge resistance Reych, the d.c. resistance of the subscriber line Rjjne and the DC voltage on the 
subscriber set (see Fig. 3). 


DEVELOPMENT DATA 


If the line current I|jn@ exceeds the current I¢¢ + 0,5 mA required by the circuit itself (I¢¢q = 1 mA), 
plus the current Ip required by the peripheral circuits connected to Vcc, then the voltage regulator 
diverts the excess current via LN. 


The voltage regulator adjusts the average voltage on LN to: 
ViN = Vref + ISLPE X R9 = Vref + (line — Icc — 0,5 x 10°° — Ip) x R9. 


Vref being an internally generated temperature compensated reference voltage of 3,6 V and R9 being 
an external resistor connected between SLPE and V_r. The preferred value of RQ is 20 92. Changing 
R9 will have influence on microphone gain, DTMF gain, gain control characteristics, side tone, 
maximum output swing on LN and on the DC characteristic (especially in the low voltage part). 
Under normal conditions Is_ pe > Icc + 0,5 mA + Ip. The static behaviour of the circuit then equals 
a 3,6 V voltage regulator diode with an internal resistance R9. In the audio frequency range the 
dynamic impedance equals R1. The internal reference voltage can be adjusted by means of an external 
resistor Rya. Ry, (1-16) connected between pins LN and REG will decrease the internal reference 
voltage. Ry (16-18) connected between REG and SLPE will increase the internal reference voltage. 


At line currents below 9 mA the internal reference voltage is automatically adjusted to a lower value 
(Typ. 1,6 V at 1 mA). This means that the operation of more telephone sets in parallel is possible with 
DC line voltages (excluding the polarity guard) down to an absolute minimum voltage of 1,6 V. 

At line currents below 9 mA the circuit has limited sending and receiving levels. 
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FUNCTIONAL DESCRIPTION (continued) 


The current Ip available from Vcc for supplying peripheral circuits depends on external components 
and on the line current. Fig. 4 shows this current for Vcc > 2,2 V minimum. If MUTE is LOW the 
available current is further reduced when the receiving amplifier is driven. To increase the supply 
possibilities, the supply 1C TEA1080 can be connected in parallel with R1 (Fig. 11(c)). An alternative 
is to set the DC line voltage to a higher value by means of an external resistor Ry (16-18) connected 
between REG and SLPE. 7 


Microphone inputs MIC + and MIC— and gain pins: GAS1 and GAS2 


The TEA1067 has symmetrical microphone inputs. Its input impedance is 64 kQ (2 x 32 k&) and its 
voltage amplification is typ. 52 dB. Either dynamic, magnetic, piezoelectric microphones or an electret 
microphone with built-in FET source follower can be used. 

The arrangements with the microphone types mentioned are shown in Fig. 5. 


The amplification of the microphone amplifier can be adjusted between 44 dB to 52 dB to suit the 
sensitivity of the transducer used. The amplification is proportional to external resistor R7 connected 
between GAS1 and GAS2. An amplification more than 52 dB is possible (up to 60 dB), however in 
that case the spread of the DC voltage (V; jy) will increase and the minimum voltage at 11 mA 

(Vi_N = 3,55 V) cannot be guaranteed. An external capacitor C6 of 100 pF between GAS1 and SLPE 
is required to ensure stability. A larger value may be chosen to obtain a first-order low-pass filter. 

The cut-off frequency corresponds with the time constant R7 x C6. 


Mute input: MUTE 


A HIGH level at MUTE enables the DTMF input and inhibites the microphone inputs and the receiving 
amplifier input: a LOW level or an open circuit does the reverse. Switching the mute input will cause 
negligible clicks at the telephone outputs and on the line. In case the line current drops below 6 mA 
(parallel operation of more sets) the circuit is always in speech condition independent of the DC level 
applied to the MUTE input. 


Dual-tone multi-frequency input DTMF 


When the DTMF input is enabled, dialling tones may be sent onto the line. The voltage amplification 
from DTMF to LN is typ. 25,5 dB and varies with R7 in the same way as the amplification of the 
microphone amplifier. The signalling tones can be heard in the earpiece at a low level (confidence tone). 


Receiving amplifier: IR, QR+, QR— and GAR 


The receiving amplifier has one input IR and two complementary outputs, a non-inverting output 
OQR+ and an inverting output QR—. These outputs may be used for single-ended or for differential 
drive, depending on the sensitivity and type of earpiece used (see Fig. 6). Amplification from IR to 
OR?+ is typ. 31 dB. This will be sufficient for low-impedance magnetic or dynamic earpieces; these 

are suited for single-ended drive. By using both outputs (differential drive) the amplification is 
increased by 6 dB and differential drive becomes possible. This feature can be used in case the earpiece 
impedance exceeds 450 {2 (high-impedance dynamic, magnetic or piezoelectric earpieces). 


The output voltage of the receiving amplifier is specified for continuous-wave drive. The maximum 
output voltage will be higher under speech conditions, where the ratio of peak and r.m.s. value is higher. 


The amplification of the receiving amplifier can be adjusted between 20 and 39 dB with single ended 
drive and between 26 and 45 dB in case of differential drive to suit the sensitivity of the transducer 
used. The amplification is proportional to external resistor R4 connected from GAR to OR+. 


Two external capacitors C4 = 100 pF and C7 = 10 x C4 = 1 nF are necessary to ensure stability. 
A larger value of C4 may be chosen to obtain a first-order low-pass filter. The ‘‘cut-off”’ frequency 
corresponds with the time constant R4 x C4. 
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Automatic gain control input AGC 


Automatic line loss compensation will be obtained by connecting a resistor R6 from AGC to Ver. 
This automatic gain control varies the amplification of the microphone amplifier and the receiving 
amplifier in accordance with the d.c. line current. The control range is 6 dB. This corresponds with a 
line length of 5 km for a 0,5 mm diameter copper twisted-pair cable with a DC resistance of 176 2/km 
and an average attenuation of 1,2 dB/km. 


Resistor R6 should be chosen in accordance with the exchange supply voltage and its feeding bridge 
resistance (see Fig. 7 and Table 1). Different values of R6 give the same ratio of line currents for begin 
and end of the control range. If automatic line loss compensation is not required AGC may be left 
open. The amplifiers then all give their maximum amplification as specified. 


Power-down input PD 


During pulse dialling or register recall (timed loop break) the telephone line is interrupted, as a 
consequence it provides no supply for the transmission circuit and the peripherals connected to Vcc. 
These gaps have to be bridged by the charge in the smoothing capacitor C1. The requirements on this 
capacitor are relaxed by applying a HIGH level to the PD input during the time of the loop break, 
which reduces the supply current from typ. 1 mA to typ. 55 yA. 


A HIGH level at PD further disconnects the capacitor at REG, with the effect that the voltage stabilizer 
will have no switch-on delay after line interruptions. This results in no contribution of the IC to the 
current waveform during pulse dialling or register recall. 

When this facility is not required PD may be left open. 


Side-tone suppression 


Suppression of the transmitted signal in the earpiece is obtained by the anti-side-tone network con- 


sisting of R1//Zjjne, R2, R3, R8, RY and Zp,) (see Fig. 10). Maximum compensation is obtained when 
the following conditions are fulfilled: 


a) R9.R2 = R1(R3 + [R8//Zpa)] ) 
b) [Zpai/(Zpai + R8)] = [Z}ine/(Ztine + R1)] 


If fixed values are chosen for R1, R2, R3 and RQ, then condition a) will always be fulfilled provided 
that |R8//Zpa\| << R3. 


To obtain optimum side-tone-suppression, condition b) has to be fulfilled resulting in: 
Zbal = (R8/R1)Z\jne = k-Zijne 

where k is a scale factor; k = (R8/R1). 

Scale factor k (value of R8) must be chosen to meet the following criteria: 


‘DEVELOPMENT DATA 


— compatibility with a standard capacitor from the E6 or E12 range for Zpa| 
— |Zpq\//R8 | < R3 
— |Zpai + R8| << RY 


In practice Zjjne varies strongly with the line length and cable type; consequently an average value has 
to be chosen for Zp}. The suppression further depends on the accuracy with which Zpgj)/k equals the 
average line impedance. 


The anti-side-tone network as used in the standard application (Fig. 10) attenuates the signal from the 
line with 32 dB. The attenuation is nearly flat over the audio-frequency range. 

Instead of the above described special bridge, the conventional Wheatstone bridge configuration can be 
used as an alternative anti-side-tone circuit. Both bridges can be used with either a resistive set 
impedance or with a complex set impedance. 

More information can be found in the application report. 
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RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 
Positive line voltage continuous VN. max. 12 V 


Repetitive line voltage 
during switch-on or line interruption VLN max. 13,2 V 


Repetitive peak line voltage 
tp/p = 1ms/5s; R10=13Q; 


R9 = 20 22 (see Fig. 10) VEN max. 28 V 
Line current | line 140 mA 
Voltage on all other pins Vj max. Vcc+0,7 V 

. —V; max. 0,7 V 
Total power dissipation Prot max. 640 mW 
Storage temperature range | Tstg —40 to+ 125 9C 
Operating ambient temperature range | Tamb —25 to +75 °C 


CHARACTERISTICS 
Nine = 11 to 140 mA; Veg = 0 V; f = 800 Hz; Tamp = 25 OC; unless otherwise specified 


parameter symbol min, | typ. max. 


Supply: LN and Vcc (pins 1 and 15) 


Voltage drop over circuit; between pin 1 
and pin 10 = V__\; microphone inputs open 

at lline 

at lline = 4MA 

at line = 7 MA 

at I|ine = 11 mA 

at ltine = 15 mA 

at lline = 100 MA 

at Itine = 140 MA 


Variation with temperature 


<<<<<c<cc 


3 

< 
So 
A 


Voltage drop over circuit with 
external resistor Ry ja; 
at line = 15 MA 
Rv a (pin 1 to pin 16) = 68 kQ 
Rvya (pin 16 to pin 18) = 39 kQ 


Supply current loc; current into pin 15 
PD = LOW (pin 12); Vec = 2,8 V 
PD =HIGH (pin 12); Vee = 2,8 V - 

Current available from pin 15 to 

supply peripheral circuits; 
at line = 15 mA; 

Vcc > = 2,2 V; Mute = High 
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a 


Microphone inputs MIC + and MIC— (pins 7 and 8) 


Input impedance 
Differential (between pins 7 and 8) 
Single ended (pin 7 or w.r.t. Veg) 


Common-mode rejection ratio 


Voltage amplification 
(from pin 7-8 to pin 1); 
Hine = 15 mA; R7 = 68 kQ 


Variation with frequency 
at f = 300 to 3400 Hz 


Variation with temperature at 
Nine = 50 MA; Tamb = —25 to + 75 oC 


Dual-tone multi-frequency input DTMF (pin 13) 


Input impedance 


Voltage amplification (from pin 13 to pin 1); 
at Ijjne = 15 MA; R7 = 68 kQQ 


Variation with frequency 
f = 300 to 3400 Hz 


Variation with temperature at 
Hine = 50 MA; Tamb = —25 to + 75 OC 


Gain adjustment GAS1 and GAS2 (pins 2 and 3) 


Amplification variation with R7 
(connected between pins 2 and 3), 
transmitting amplifier 


DEVELOPMENT DATA 


Sending amplifier output LN (pin 1) 


Output voltage at I|jne = 15 MA; 


dtot = 2% VLN(rms) | — 

dtot = 10% VLNirms) | 1,9 

at line = 4 MA; dtot = 10% VLN(rms) | — 
at Hine = 7 MA; dtot = 10% VLN(rms) | — 


Noise output voltage 

Hine = 15 MA; R7 = 68 kQQ; 

200 (2 between pins 7 and 8; 
psophometrically weighted (P53 curve) 


Vno(rms) 


Receiving amplifier input IR (pin 11) 


Input impedance IZjs| t.b.n. 
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CHARACTERISTICS (continued) 


Receiving amplifier outputs OR+ and OR—— 
(pins 5 and 4) 


Output impedance; single-ended 


Voltage amplification from pin 11 to pin 4-5 
at I|ine = 15 MA; R4 = 100 kQ; 
single ended; Ry = 300 {2 
(from pin 11 to pins 4-5) 
differential; Ry = 600 Q 
(from pin 11 to pins 4-5) 


Variation with frequency, 
f = 300 to 3400 Hz 


Variation with temperature 
line = 50 MA; Tamb = —25 to + 75 OC 
Output voltage at |, = 0; dios = 2%; 
sine-wave drive; R4 = 100 kQ 
single-ended; Ry = 150 2 
single-ended; Ry = 450 Q 
differential; Ci = 47 nF 
(100 22 series resistors); 
f = 3400 Hz 
Output voltage at Ip = 0; dig = 10%; 
sine-wave drive; R4 = 100 kQ2; Ry = 150 2 
line = 4 mA 
Nine = 7 mA 


AAyvg/Af 


AAyg/AT 


Vo(rms) 
Vo(rms) 


Vo(rms) 


Vo(rms) 
Vo(rms) 


Noise output voltage 
Hine = 15 mA; R4 = 100 kQ2; pin 11 open 
psophometrically weighted (P53 curve) 

single-ended; Ry = 300 Q 

differential; Ry = 600 Q 


Vno(rms) 
Vno(rms) 


Gain adjustment GAR (pin 6) 


Amplification variation with R4 
(connected between pins 6 and 5), 
receiving amplifier 


MUTE input (pin 14) 


Input voltage 
HIGH 
LOW 


Input current 


Reduction of voltage amplification from 
MIC+-(pin 7) and MIC— (pin 8) to LN 
at MUTE = HIGH | 
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Voltage amplification 
from DTMF (pin 13) to QR+ (pin 5) or 
QR— (pin 4) at MUTE = HIGH; 
single-ended load Ry = 300 £2 


Power-down input PD (pin 12) 


Input voltage 
HIGH 
LOW 


Input current (into pin 12) 


Automatic gain control input AGC (pin 17) 


Controlling the gain from pin 11 to pins 4-5 
and the gain from pins 7-8 to pin 1 
R6 = 110 kQ (between pins 17 and 10) 
Amplification control range 


Highest line current for maximum amplification 


Lowest line current for minimum amplification 


DEVELOPMENT DATA 


March 1986 


TEA1067 


| 
Y'p 
| 
| 


a peripheral 
circuits 


7Z86754.2A 


Fig. 3 Supply arrangement. 


a) = 1,8 mA, b) = 1,35 mA 
Nine = 15 MA at VLN =3,9 V 
R1 = 620 Q and RY = 20 2 


Fig. 4 Typical current |, available from Vcc for peripheral circuitry with Vcc > = 2,2 V. Curve (a) is 
valid when the receiving amplifier is not driven or when MUTE = HIGH, curve (b) is valid when 

MUTE = LOW and the receiving amplifier is driven; Vo(rms) = 150 mV, Ry = 150 2 asymmetrical. 
The supply possibilities can be increased simply by setting the voltage drop over the circuit V;_ jy toa 


higher value by means of resistor Ry a (16-18). 
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7297171 


Fig. 5 Alternative microphone arrangements. a: magnetic or dynamic microphone. The resistor 
marked (1) may be connected to lower the terminating impedance. In case of sensitive microphone 
types a resistor attenuator can be used to prevent overloading of the microphone inputs (b) electret 
microphone, (c) piezoelectric microphone. 


(1) 
or+ 2 or+ or+ 
ar- 4 
Wee ee ar-- ar-|4 
7286747.1 


DEVELOPMENT DATA 


Fig. 6 Alternative receiver arrangements. (a) dynamic telephone with less than 450 Q impedance. 

(b) dynamic telephone with more than 450 Q impedance. (c) magnetic telephone with more than 

450 QQ impedance. The resistor marked (1) may be connected to prevent distortion (inductive load). 
(d) piezoelectric telephone. The resistor marked (2) is required to increase the phase margin (capacitive 
load). 
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7Z86749.1A 
R6 = 00 
0 
AAvg 
(dB) 
—2 
R9=2022 
—4 78,7 kQ \110 k&& \140 kQ 
—6 
re ee 
0 20 40 60 80 100 120 140 


Nine (mA) 


Fig. 7 Variation of amplification with line current, with R6 as a parameter. 


Rexch ($2) 
R6 eo 
ed 36 78,7 Lx | 
60 120 


Table 1. Values of resistor R6 for optimum line loss compensation, for various usual values of exchange 
supply voltage Vayeh and exchange feeding bridge resistance Reych.- 
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R1 line 


6202 


4 
100 tL 
R4 LF 
100k2—R, O 
s00| 
vO], (elas 
100 pF 
+ 
C152 100uF 1 nF fF) 10 to 140ma 
ie 2 
10 pF 14 
O R7 
V; (~) i 68 kQ 
Ue Gas2 C6 
REG AGC STAB SLPE 100 pF 
10 16 17 9 18 
+ R5 RQ 
a 
4,7 wF kQ 20 82 
ni 7Z86755.2A 
a 
_ Fig. 8 Test circuit for defining voltage amplification of MIC+, MIC— and DTMF inputs. Voltage 
< amplification is defined as: Ayg = 20 log |V)/Vj;i|. For measuring the amplification from MIC+ and 
= MIC— the MUTE input should be LOW or open, for measuring the DTMF input MUTE should be 
0 H1IGH. Inputs not under test should be open. 
> 
tf R1 ine 
ra) eo 
6202 
15 1 = 100 uF 
1 4 i 6002 
Beg 8 | ZL Hl fc 
V 10-uF 5 
Q 2 na | ca 
TEA1067 | 190 100 pF | 
+ 13 , 
C1 = 100uF ee — 10 to 140mA 
2 
14 
| |R7 
12 3 C6 
Gr2A 100 pF 


STAB SLPE 


AGC 


7286756.2A 


Fig. 9 Test circuit for defining voltage amplification of the receiving amplifier. Voltage amplification 
is defined as: Ayg = 20 log |VQ/Vj|. 
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— 
mM 
A 
O 
~O) 
~ 


986L Yoel) 
= 


line BZW14 
(2x) 


C4 TEA1067 


100 pF 


» from dial 
and 
5 control circuits 


MIC+ 


R ya (R46 - 18) a 
p--- {oF =--4 

Mic— 

SLPE !'GAS1 GAS2 


7297367 


Fig. 10 Typical application of the TEA1067, shown here with a piezoelectric earpiece and DTMF dialling. The bridge to the left, the zener diode 
and R10 limit the current into the circuit during and the voltage across the circuit during line transients. Pulse dialling or register recall require a 
different protection arrangement. By means of resistor Ry a (R46.1g) the DC line voltage can be set to a higher value. : 
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cradle 
contact 


PCD3310 


telephone 


line 7Z297368.1 


cradle 
contact 


Voc Vp 
DTMF 

PCD 3320 
TEA1067 MUTE M 


telephone 
line 


7Z86752.1A 


(b) 
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cradle 
contact 


telephone 
line 
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Fig. 11 Typical applications of the TEA1067 (simplified). 

a) DTMF-Pulse set with CMOS-bilingual dialling circuit PCD3310. The dashed lines show an optional 
flash (register recall by timed loop break). 

b) Pulse dial set with one of the PCD3320 family of CMOS interrupted current-loop dialling circuits. 

c) Dual-standard (pulse and DTMF) feature phone with the PCD3343 CMOS telephone controller and 
the PCD3312 CMOS DTMF general with !?C bus. Supply is provided by the TEA1080 supply circuit. 
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TEA1068 


VERSATILE TELEPHONE TRANSMISSION CIRCUIT 


GENERAL DESCRIPTION 


The TEA1068 is a bipolar integrated circuit performing all speech and line interface functions required 
in fully electronic telephone sets. The circuit internally performs electronic switching between dialling 


and speech. 

Features 

@ Voltage regulator with adjustable static resistance 

@ Provides supply for external circuitry 

@ Symmetrical high-impedance inputs (64 kQ) for dynamic, magnetic or piezoelectric microphones 
@ Asymmetrical high-impedance input (32 kQ2) for electret microphone 

@ DTMEF signal input with confidence tone 

@ Mute input for pulse or DTMF dialling 

@ Power down input for pulse dial or register recall 

@ Receiving amplifier for magnetic, dynamic or piezoelectric earpieces 

@ Large amplification setting range on microphone and earpiece amplifiers 

@ Line loss compensation facility, line current dependent for microphone and receiving amplifiers 
@ Gain contro! adaptable to exchange supply 

@ Possibility to adjust the d.c. line voltage 


QUICK REFERENCE DATA 


Line voltage at 1; ny = 15 mA VLN typ. 4,45 V 
Line current operating range ILN 10 to 140 mA 


Internal supply current 


power down input PD = LOW Icc typ 1 mA 

Power down input PD = HIGH Icc typ. 55 yA 
Supply current for peripherals 

at Iijne = 15 MA, mute input HIGH 

Vee >2,2V Ip max. 2,5 mA 

Veco >3,0V Ip max. 1,2 mA 
Voltage amplification range 

microphone amplifier Avd 44 to 60 dB 

receiving amplifier Avd 17 to 39 dB 
Line loss compensation 

Amplification control range AAvd typ. 6 dB 

Exchange supply voltage range Vexch 24 to 60 V 

Exchange feeding bridge resistance range exch 400to1000 92 
Operating ambient temperature range Tamb —2bto+75 °C 


PACKAGE OUTLINE 
18-lead DIL; plastic (SOT-102HE). 
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Fig. 1 Block diagram. 
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TEA1068 


Versatile telephone transmission circuits 
with dialler interface 


PINNING 
1 LN positive line connection 
2 GAS!1 gain adjustment connection, sending 
amplifier 
3 GAS2 gain adjustment connection, sending 
amplifier 
4 QR- inverting output, receiving amplifier 
5 OQOR+t non-inverting output, receiving amplifier 
TEA1068 6 GAR gain adjustment connection, receiving 
amplifier 
7 MIC+ non-inverting microphone input 
8 MIC— inverting microphone input 
9 STAB current stabilizer connection 
10 VEE negative line connection 
11 IR receiving amplifier input 
12 PD power-down input 


7297173 


13. DTMF — dual-tone multi-frequency input 
14 MUTE ~ mute input 


Fig. 2 Pinning diagram. 15 Vcc positive supply decoupling connection 
16 REG voltage regulator decoupling connection 
17. AGC automatic gain control input 
18 SLPE slope (d.c. resistance) adjustment 
connection 


FUNCTIONAL DESCRIPTION 
Supply: Vcc, LN, SLPE, REG and STAB 


The circuit and its peripheral circuits usually are supplied from the telephone line. The circuit develops 
its own supply voltage at Vcc and regulates its voltage drop. The supply voltage Vcc may also be used 
to supply external peripheral circuits, e.g. dialling and control circuits. 


The supply has to be decoupled by connecting a smoothing capacitor between Vcc and Veg; the 
internal voltage regulator has to be decoupled by a capacitor from REG to Ver. An internal current 
stabilizer is set by a resistor of 3,6 kQ. between STAB and Vee. 


The d.c. current flowing into the set is determined by the exchange supply voltage Vexch, the feeding 
bridge resistance Reych, the d.c. resistance of the subscriber line Rjjne@ and the d.c. voltage on the 
subscriber set (see Fig. 3). 


If the line current | }jn@ exceeds the current Icc¢ + 0,5 mA required by the circuit itself, (I¢¢ ca. 1 mA), 
plus the current lb required by the peripheral circuits connected to Vcc, then the voltage regulator 
diverts the excess current via LN. | 


The voltage regulator adjusts the average voltage on LN to: 
VEN = Vref + ISLPE x R9 = Vre¢ + (line — lec — 0,5.10°° — ly) x RY. 


Vref being an internally generated temperature compensated reference voltage of 4,2 V and RQ being 
an external resistor connected between SLPE and Veg. The preferred value of RQ is 20 22. Changing 
RQ will have influence on microphone gain, DTMF gain, gain control characteristics, side tone and 
maximum output swing on LN. 

Under normal conditions Is, pe > Icc + 0,5 mA + In. The static behaviour of the circuit then equals 
a 4,2 V voltage regulator diode with an internal resistance RY. In the audio frequency range the 
dynamic impedance equals R1. 
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FUNCTIONAL DESCRIPTION (continued) 


The internal reference voltage can be adjusted by means of an external resistor Ry a. This resistor 
connected between LN (pin 1) and REG (pin 16) will decrease the internal reference voltage. Ry 
connected between REG (pin 16) and SLPE (pin 18) will increase the internal reference voltage. 

The current lp available from Vcc for supplying peripheral circuits depends on external components 
and on the line current. Fig. 4 shows this current for Vac > 2,2 V and for Vcc > 3 V. Of which 3 V 
being the minimum supply voltage for most CMOS circuits including a diode voltage drop for an 
enable diode. If MUTE is LOW the available current is further reduced when the receiving amplifier is 
driven. | 


Microphone inputs MIC+ and MIC— and gain adjustment pins GAS1 and GAS2 


The TEA1068 has symmetrical microphone inputs. Its input impedance is 64 kQ2 (2 x 32 k&2) and its 
voltage amplification is typical 52 dB. Either dynamic, magnetic, piezoelectric microphones or an 
electret microphone with built-in FET source follower can be used. 


The arrangements with the microphone types mentioned are shown in Fig. 5. 


The amplification of the microphone amplifier can be adjusted over a range of + or —8 dB to suit the 
sensitivity of the transducer used. The amplification is proportional to external resistor R7 connected 
between GAS1 and GAS2. 


An external capacitor C6 of 100 pF between GAS1 and SLPE is required to ensure stability. A larger 
value may be chosen to obtain a first-order low-pass filter. The cut-off frequency corresponds with the 
time constant R7 x C6. 


Mute input MUTE 


A HIGH level at MUTE enables the DTMF input and inhibits the microphone inputs and the receiving 
amplifier input, a LOW level or an open circuit does the reverse. Switching the mute input will cause 
negligible clicks at the telephone outputs and on the line. 


Duai-tone multi-frequency input DTMF 


When the DTMF input is enabled, dialling tones may be sent onto the line. The voltage amplification 
from DTMF to LN is typ. 25,5 dB and varies with R7 in the same way as the amplification of the 
microphone amplifier. The signalling tones can be heard in the earpiece at a low level (confidence tone). 


Receiving amplifier: IR, OR+, QR— and GAR 


The receiving amplifier has one input |R and two complementary outputs, a non-inverting output OR + 
and an inverting output OQR—. These outputs may be used for single-ended or for differential drive, 
depending on the sensitivity and type of earpiece used (see Fig. 6). Amplification from IR to QR+ is 
typ. 25 dB. This will be sufficient for low-impedance magnetic or dynamic earpieces; these are suited 
for single-ended drive. By using both outputs (differential drive) the amplification is increased by 6 dB 
and this makes differential drive possible. This feature can be used in case the earpiece impedance 
exceeds 450 22 (high-impedance dynamic, magnetic or piezoelectric earpieces). 


The output voltage of the receiving amplifier is specified for continuous-wave drive. The maximum 
Output voltage will be higher under speech conditions, where the ratio of peak and r.m.s. value is higher. 


The amplification of the receiving amplifier can be adjusted over a range of + and —8 dB to suit the 
sensitivity of the transducer used. The amplification is proportional to external resistor R4 connected 
from GAR to OR+. | 


Two external capacitors C4 (100 pF) and C7 (10 x C4 = 1 nF) are necessary to ensure stability. A 
larger value of C4 may be chosen to obtain a first-order low-pass filter. The cut-off frequency 
corresponds with the time constant R4 x C4. 
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Automatic gain control input AGC 


Automatic line loss compensation will be obtained by connecting a resistor R6 from AGC to Veg. 
This automatic gain control varies the amplification of the microphone amplifier and the receiving 
amplifier in accordance with the d.c. line current. The control range is 6 dB. This corresponds with a 
line length of 5 km for a 0,5 mm diameter copper twisted-pair cable with a d.c. resistance of 176 Q2/km 
and an average attenuation of 1,2 dB/km. 


Resistor R6 should be chosen in accordance with the exchange supply voltage and its feeding bridge 
resistance (see Fig. 7 and Table 1). Different values of R6 give the same ratio of line currents for begin 
and end of the control range. 


If automatic line loss compensation is not required AGC may be left open. The amplifiers then all give 
their maximum amplification as specified. 


Power-down input PD 


During pulse dialling or register recall (timed loop break) the telephone line is interrupted, as a 
consequence it provides no supply for the transmission circuit and the peripherals connected to Vcc. 
These gaps have to be bridged by the charge in the smoothing capacitor C1. The requirements on this 
capacitor are relaxed by applying a HIGH level to the PD input during the time of the loop break, 
which reduces the supply current from typ. 1 mA to typ. 55 pA. 


A HIGH level at PD further disconnects the capacitor at REG, with the effect that the voltage stabilizer 
will have no switch-on delay after line interruptions. This results in no contribution of the IC to the 
current waveform during pulse dialling or register recall. 

When this facility is not required PD may be left open. 


Side-tone suppression 


Suppression of the transmitted signal in the earpiece is obtained by the anti-side-tone network 
consisting of R1//Zjjine, R2, R3, R8, RO and Zp, (see Fig. 10). Maximum compensation is obtained 
when the following conditions are fulfilled: 


a) R9.R2 = R1(R3 + [R8//Zp,4)] ) 

b) [Zpai/(Zpaji + R8)) = [Zjjne/(Zhine + R1)). 
If fixed values are chosen for R1, R2, R3 and RQ then condition a) will always be fulfilled provided 
that |R8//Zpaj | K R3. 
To obtain optimum side tone suppression condition b) has to be fulfilled resulting in: 

Zbal = (R8/R1)Z\ine = K-Zline 


where k is a scale factor k = (R8/R1). 

Scale factor k (value of R8) must be chosen to meet the following criteria: 

— compatibility with a standard capacitor from the E6 or E12 range for Zp) 

— |Zpaq\//R8| « R3 

— |Zpaj+R8| > RI 

In practice Zjjne varies strongly with line length and cable type; consequently an average value has to 


be chosen for Zpa}. The suppression further depends on the accuracy with which Zpaj/k equals the 
average line impedance. 


DEVELOPMENT DATA 


The anti-side-tone network as used in the standard application (Fig. 10) attenuates the signal from the 
line with 32 dB. The attenuation is nearly flat over the audio frequency range. 


Instead of the above described special TEA1068 bridge, the conventiona! Wheatstone bridge configu- 
ration can be used as an alternative anti-side-tone circuit. Both bridge types can be used with either a 
resistive set impedance or with a complex set impedance. 
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RATINGS | 
Limiting values in accordance with the Absolute Maximum System (1EC 134) . 
Positive line voltage (d.c.) ViN max. 12 V 


Repetitive line voltage during switch-on 
or line interruption VEN max. 13,2 V 


Repetitive peak line voltage 
tp/P = 1 ms/5 s; 


R19 = 13 Q; Rg = 20 Q (see Fig. 10) VENRM~ max. 28 V 
Line current Nine max. 140 mA 
Voltage on all other pins Vj max. Vcct+O,7 V 

—V; max. 0,7 V 
Total power dissipation Ptot max. 640 mW 
Storage temperature range Tstg —40 to+ 125 °C 
Operating ambient temperature range Tamb —25 to +75 °C 
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TEA1068 


Versatile telephone transmission circuits 


with dialler interface 


CHARACTERISTICS | 
line = 14 = 10 to 140 mA; Veg = V10 = 0 V; f = 800 Hz; RO = 20 22; Tamb = 25 OC; unless otherwise 
specified. 


Supply: LN and Vcc (pins 1 and 15) 


Voltage drop over circuit V1-19 
microphone inputs open 
at lline= OMA 
at Illine = 15 MA 
at I|jne = 100 mA 
at I|ine = 140 mA 


Variation with temperature 
at line = 15 mA 


Voltage drop over circuit 
at line = 15 mA 
Rva = R1.16 = 68 kQ 
RvA = 216-18 = 39 k& 
Supply current 
PD (pin 12) = LOW; Vcc = 2,8 V 
PD (pin 12) = HIGH; Vec = 2,8 V 


Microphone inputs MIC+ and MIC— (pins 8 and 7) 


Input impedance 
differential (between pins 7 and 8) 
single-ended (pin 7-10 or pin 8-10) 


DEVELOPMENT DATA 


Common-mode rejection ratio 


Voltage amplification (pins 7, 8-1) 
Nine = 15 MA; R7 = 68 kQ 


Variation with frequency 
at f = 300 to 3400 Hz 


Variation with temperature at 
Hine = 90 MA; Tamp = —25 to + 75 OC 


Dual-tone multi-frequency input DTMF (pin 13) 
Input impedance 


Voltage amplification 
Nine = 19 mA; R7 = 68 kQ 


Variation with frequency 
f = 300 to 3400 Hz 


Variation with temperature at 
Nine = 90 MA; Tamb = —25 to + 75 OC 
Gain adjustment GAS1 and GAS2 (pins 2 and 3) 


Amplification variation with R7 
transmitting amplifier 
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CHARACTERISTICS (continued) 


Transmitting amplifier output LN (pin 1) 


Output voltage at ljjng = 15 mA; 
dtot = 2% 
diot = 10% 

Noise output voltage 
line = 15 mA; R7 = 68 kQ; R7.g = 200 22 
psophometrically weighted (P53 curve) 


Receiving amplifier input IR (pin 11) 
Input impedance 


Receiving amplifier outputs OR+ and OR— 
(pins 5 and 4) 


Output impedance; single-ended 


Voltage amplification 
from pin 11 to pins 4 or 5) 
line = 15 mA; R4 = 100 kQQ; 
single-ended; Ry = 300 22 
differential; Ry = 600 & 


Variation with frequency, 
f = 300 to 3400 Hz 


Variation with temperature 
Nine = 20 MA; Tamp = —25 to + 75 OC 


Output voltage at 
lb = 0; dtot = 2%; | 
R4 = 100 kQ2; sine-wave drive 
single-ended; Ry = 150 Q 
single-ended; Ry = 450 Q 
differential; C; = 47 nF; (100 © series 
resistor); f = 3400 Hz 
Noise output voltage 
line = 19 mA; R4 = 100 kQ; 
pin 11 = 1R = open 
psophometrically weighted (P53 curve) 
single-ended; Ry = 300 Q 
differential; Ry = 600 22 


Gain adjustment GAR (pin 6) 
Amplification variation 


with R4 between pins 6 and 5 receiving amplifier 
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VLN(rms) 
VLNirms) 


Vno(rms) 


IZjs| 


Avd 
Avd 


AAyg/Af 


AAyg/AT 


Vo(rms) 
Vo(rms) 


Vo(rms) 


Vno(rms) 
Vno(rms) 


Versatile telephone transmission circuits TEA1068 


with dialler interface 


MUTE input (pin 14) 


Input voltage 
HIGH 
LOW 


Input current 


Reduction of voltage amplification 
MIC+ and MIC— to LN at MUTE = HIGH 


Voltage amplification from 
DTMF to QR+ or QR— at MUTE = HIGH 
R4 = 100 kQ2; Ry single-ended = 300 22 


Power-down input PD (pin 12) 


Input voltage 
HIGH 
LOW 


Input current 


Automatic gain control AGC (pin 17) 


Controlling the gain from pin 11 to pins 4 and 5 
and the gain from pins 7 and 8 to pin 1 
R6 = 110 k{Q2; connected between pins 17 and 10 
Amplification contro! range 
Highest line current for Amax 
Lowest line current for Amin 


DEVELOPMENT DATA 
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Fig. 3 Supply arrangement. 


72Z86750.2 


fe Ne zal 
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4a LN} 
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Fig. 4 Maximum current Ip available from Vcc for peripheral circuitry with Vcc > 2,2 V and 

Vcc > 3 V. Curves (a) and (a’) are valid when the receiving amplifier is not driven or when MUTE is 
HIGH, curves (b) and (b’) are valid when MUTE is LOW and the receiving amplifier is driven at 
Vo(rms) = 150 mV and Ry = 150 & asymmetrical. 

Nine = 15 mA at Vi y = 4,45 V; R1 = 620 Q and ROY = 20 X. 

a) = 2,55 mA; b) = 2,1 mA; a’) = 1,2 mA and b’) = 0,75 mA. 
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Versatile telephone transmission circuits 


with dialler interface 


7297171 


Fig. 5 Alternative microphone arrangements. a: magnetic or dynamic microphone. The resistor 
marked (1) may be connected to lower the terminating impedance. In case of sensitive microphone 
types a resistor attenuator can be used to prevent overloading of the microphone inputs (b) electret 
microphone, (c) piezoelectric microphone. 


(1) (2) 
ar+ ar+ }2 ar+ or+ Po 
~ é 
Veg Lo ar- 4 ar— [4 QR- 


7Z86747.1 


DEVELOPMENT DATA 


Fig. 6 Alternative receiver arrangements. (a) dynamic telephone with less than 450 Q impedance. 

(b) dynamic telephone with more than 450 Q2 impedance. (c) magnetic telephone with more than — 
450 {2 impedance. The resistor marked (1) may be connected to prevent distortion (inductive load). 
(d) piezoelectric telephone. The resistor marked (2) is required to increase the phase margin (capacitive 
load). 
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7Z86749.1 


0 20 40 60 80 100 120 140 
line (MA) 


Fig. 7 Variation of amplification with line current, with R6 as a parameter. 


| R6 (k&Q2) 
wv) [laa [40 [0 [oat fe 
peo [x [x [m0 [10 


RI = 20 22 


Table 1. Values of resistor R6 for optimum line loss compensation, for various usual values of exchange 
supply voltage Veyxch and exchange feeding bridge resistance Rexch- 
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Versatile telephone transmission circuits 


with dialler interface 


line 


Vo 
“Ol. 
+ 
C1 &2 100 uF = 10 to 140mA 
+ 
10 wF SS 
O 
Vj 
GAS2 
AGC STAB SLPE 
10 16 17 9 18 
+ R5 RQ 
ia |e i a8 Hl eae 
4,7 uF kQ 
= 7Z86755.2F 
<x 
a 
= Fig. 8 Test circuit for defining voltage amplification of MIC+, MIC— and DTMF inputs. Voltage 
= amplification is defined as: Ayg = 20 log |V_/Vj|. For measuring the amplification from MIC+ and 
a MIC— the MUTE input should be LOW or open, for measuring the DTMF input MUTE should be 
o HIGH. Inputs not under test should be open. 
uu 
rf 
a line 
6202 A 
15 1 — 100uF 
u 4 : 60022 
ele 8 2.) I 
©: = me kc 
TEA1068 f hes 100 pF 
+ 13 
C1 = 100uF ae (— 10 to 140 mA 
2 
14 
| R7 
12 C6 
eps 100 pF 


AGC STAB SLPE 


7Z286756.2F 


Fig. 9 Test circuit for defining voltage amplification of the receiving amplifier. Voltage amplification 
is defined as: Ayg = 20 log |V,/Vjl. 
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Fig. 10 Typical application of the TEA1068, shown here with a piezoelectric earpiece and DTMF dialling. The bridge to the left, the zener diode 
and R10 limit the current into the circuit during and the voltage across the circuit during line transients. Pulse dialling or register recall require a 
different protection arrangement. an | 
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Versatile telephone transmission circuits 
with dialler interface 
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DEVELOPMENT DATA 


(b) 


cradle 
contact 


telephone 
line 


7286753.2F 


(c) 


Fig. 11 Typical applications of the TEA1068 (simplified). | 

a: DTMF set with a CMOS DTMF dialling circuit. The dashed lines show an optional flash (register 
recall by times loop break). 

b: Pulse dial set with the one of the PCD3320 family of CMOS interrupted current-loop dialling circuits. 

c: Dual-standard (pulse and DTMF) feature phone with the PCD3343 CMOS telephone controller and 
the PCD3312 CMOS DTMF generator with I°C bus. 
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DEVELOPMENT DATA | 
This data sheet contains advance information and | ; TEA1075 


specifications are subject to change without notice. 


DTMF GENERATOR FOR TELEPHONE DIALLING 


The TEA1075 is a dual tone multi-frequency (D TMF) generator with line interface for use in push- 
-button telephone sets containing an electronic speech circuit or a conventional hybrid transformer. 
The IC contains a mute switch handling the full line current, which allows two-wire connection between 
dial and speech parts. The logic inputs can be operated with a single contact keyboard or via a direct 
interface with a microcontroller. The line interface incorporates a filter amplifier, an output stage and 

a voltage regulator all of which are switched off when the speech circuit is connected to the line. The 
tone generator is supplied by a temperature compensated current stabilizer and is driven by a 

3,58 MHz crystal. 


The logic inputs contain an interface circuit which ensures well-defined states of the keyboard. 


Features 


@ Two wire connection between dial and speech parts allowed 
Wide operating line current and temperature range 

No individual tone level adjustment required 

Few external components required 

All mute functions on chip | 

Common inputs for keyboard and microcontroller 

Signal levels are independent from line current and temperature 
All pins protected against electrostatic discharges 

On-chip output stage and line regulator 

Single tone generation possible 


QUICK REFERENCE DATA 


[errr ___[rmvors_| po) _{r nfo 


Operating d.c. line voltage 


Line current range 
TEA1075P 
TEA1075T 


DTMF output levels (adjustable) 
low tones 
high tones 


| >12mA 
| >12mA 


Pre-emphasis 


Operating ambient temperature 
range 


PACKAGE OUTLINES 


TEA1075P: 18-lead DIL; plastic (SOT-102HE). 
TEA1075T: 20-lead mini-pack; plastic (SO-20; SOT-163A). 
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Fig. 1 Block diagram. 
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TEA1075 


1 VN negative line voltage 
2 Fo filter output 
3 ROW 2 row input 770 Hz/BCD input 
4 ROW 3 row input 852 Hz/BCD input 
5 MUTE mute switch 
6 Z| impedance setting terminal 
7 ROW 4 row input 941 Hz/BCD input 
TEA1075P 8 ROW 1 row input 697 Hz/BCD input 
9 Fy filter input 
10 DAC DTMF level setting 
11 NS noise suppression input 
12 OSC oscillator input 
13 COL 1 column input 1209 Hz/mute input 
14 COL 2 column input 1336 Hz/mute input 
15 COL4 column input 1633 Hz/mute input 
AGG LES A 16 COL 3 column input 1477 Hz/enable input 
17 Vs voltage regulator filter 
Fig. 2 Pinning diagram; TEA1075P. 18 Vi positive line voltage 
< 
<x 
Q 
_ 
= 
Lu 
= 1 VN negative line voltage 
° 2 Fo filter output — | 
= 3 ROW 2 row input 770 Hz/BCD input 
Lu 4 ROW 3 row input 852 Hz/BCD input 
S 5 MUTE mute switch 
6 Z| impedance setting terminal 
7 ROW 4 row input 941 Hz/BCD input 
Saas 8 ROW 1 row input 697 Hz/BCD input 
9 Fy filter input 
10 n.c. not connected 
11 DAC DTMEF level setting 
12 NS noise suppression input 
13 OSC oscillator input 
14 COL 1 column input 1209 Hz/mute input 
15 COL 2 column input 1336 Hz/mute input 
16 COL 4 column input 1633 Hz/mute input 
7296446 17 COL 3 column input 1477 Hz/enable input 
18 Vs voltage regulator filter 
19 VE positive line voltage 
Fig. 3 Pinning diagram; TEA1075T. 20 n.c. not connected 
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FUNCTIONAL DESCRIPTION 


Voltage regulator 


The voltage regulator is switched on when a keyboard button is pressed. It regulates the d.c. voltage drop 
across the IC to a nominal level of 3,3 V, shunting excess line current to maintain a working current of 
8 mA within the chip. The voltage regulator is switched to a higher voltage level when the keyboard 
button is released. 


The capacitor connected to input Vs provides a low-pass filter function to avoid influence of audio 
signals on the line. For a short period during switch-on time the capacitor is directly connected to the 
line to be charged and to reduce overshoot voltages. 


When the TEA1075 is in the stand-by mode the voltage regulator circuit conducts as the d.c. line voltage 
set by the speech part reaches 6,0 V. Part of the line current then flows through the regulator. 


Active output stage 


The transmitter amplifier consists of a voltage to current converter with a class-A output stage. The 
circuit acts as a dynamic resistance (Rj) because of the feedback from the line to the input. This 
impedance can be set by output Z| at pin 6: 

Rj = 900 22 if pin 6 is left open 

Rj = 600 Q2 if pin 6 is connected to Vjxy (pin 1). 

The impedance is high as long as no key is depressed (stand-by mode). 


Speech muting (see Fig. 4) 


All mute functions are performed by internal switches. Pressing any keyboard push button switches 
the TEA1075 to the operating mode and isolates the speech part from the line. 


The line adaption is taken over by the dial circuit which causes: 

@ jine voltage to be set by the voltage regulator of the TEA1075 

@ impedance to be set by the active output stage of the TEA1075 

® audio output stage to be connected to the line for DTMF tone transmission. 


During the stand-by mode (no key pressed) the voltage on the line is set by the speech circuit. The 
minimum d.c. operating voltage of the dial circuit to guarantee detection of push button operation | 
on the keyboard is 2,5 V. The impedance is equivalent to an 8 kQ2 resistance and the current 
consumption 3 mA at V,_ = 4,5 V. The stand-by current is used for the logic part as well as driving 
current for the internal switch which can switch the full line current available. 


SPEECHPART: 
TEA1060/61 
or 
HYBRID 
TRANSFORMER 


TEA1075 


line 


72Z87747.2 


Fig. 4 Muting system. 
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Oscillator and DTMF generator 


The crystal oscillator frequency (3,579 545 MHz) is divided by a factor of nine to give the clock 
frequency. A maximum division error of 0,31% is achieved in the TEA1075; CCITT recommendations 
are that tones should be within 1,5% of the specified frequencies. 

A bias resistor of 1 to 4,7 MQ must be connected between the oscillator input and V,_. An external 
frequency generator can be connected instead of a crystal (see Fig. 6). 


VE 
TEA1075 fl EEAOzS 
7287746.2 7287745.2 
Fig. 5 Quartz crystal oscillator. Fig. 6 External frequency generator. 


The output from the dividers for the higher and the lower frequency tones are symmetrical square-wave 
pulses which contain considerable odd-numbered harmonics. The lower order odd-numbered harmonics 
(11th and less) are eliminated by synthesizing the tone frequencies as crude stepped sinewave approxi- 
mations. Each half cycle of the tone waveform comprises seven discrete amplitudes for the lower 
frequency tone and nine for the higher frequency tone. Each amplitude increment is generated by 
switching on and off an individual current source for the duration of each step of the sinewave. 

The frequency of the tones is varied by changing the duration of each step. This circuit allows the 
connection of a first or second order filter, depending on the distortion requirements (see filter and 
DTMF level). 


DEVELOPMENT DATA 


Table 1 Deviation of ROW and COLUMN frequencies 


required deviation | real 
freq. freq. 
Hz Hz 


required deviation real 
freq. : 
Hz % 


Filter and DTMF level 


The output current from the DAC causes a voltage drop across RT, 5s. At this point the signal path 
is broken to allow insertion of filter components in series with the amplifier input at pin 9. 

The output of this amplifier is brought out to pin 2 to allow connection of filter components in the 
feedback path to provide additional attenuation of the higher-order odd harmonics of the tone 
frequencies. 


The output amplitude of the tones is directly proportional to the value of RT\_s and can therefore 
be adjusted to meet specific requirements. Fig. 7 shows the output level as a function of RTs with 
Rj = 600 Q. If Rj = 900 2, RtLs must be multiplied by 1,28. 
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FUNCTIONAL DESCRIPTION (continued) 


tone level 
(dBm) a: 


i ST 
a so 
Fe A nh 


7 Rtis (kQ) 8 


Fig. 7 DTMF level selection (Rj = 600 Q). 


When RT_5 is selected for the required tone level, Cr; can be calculated to minimize influence of the 
filter characteristic on the pre- “emphasis parameter. The time constant for a single pole filter is 
determined by: 


RTLS x Cry = 26 us (see Fig. 17) 


If higher attenuation is required a second-order filter can be applied. The time constants for a second 
order filter are determined by: 


RTLS x CFO = 46 us and RFs x Cry = 59 ys (see Fig. 16) 


Keyboard inputs 

Inputs for the logic control are compatible with different types of keyboard. Tone combination are 

generated by: 

@ connecting one of the row inputs to one of the column inputs by one switch of a single contact 
keyboard 

or 

@ application of a double contact keyboard with the common row contact tied to Vjy and the 
common column contact connected to V,_ via a 68 k&2 resistor. 

Single tones can be generated by connecting a row input to Vjyy or a column input to Vi viaa 

68 kQ2 resistor. 


A debounce circuit eliminates switch bounce. 


Vi 

Vi 
logic 

5kQ logic ROW; 
COL; 
V Vv 
7287 298.1 " 7Z87297.1 Y 
Fig. 8 Configuration of column inputs. Fig. 9 Configuration of row inputs. 
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Microcontroller mode 


The inputs for the keyboard can be used for direct connection to a microcontroller. If the column 
inputs are interconnected and made HIGH (> 0,9 V) the row inputs are changed to another mode, 
allowing the circuit to be driven by 4-bit data plus an enable signal. In this mode, it is possible to 
connect a separate mute enable signal on inputs COL 1, COL 2 and COL 4 and a tone enable input 
on COL 3. 


Table 2 Truth table; microcontroller mode. 


697/1209 
697/1336 
697/1477 
697/1633 
770/1209 
770/1336 
770/1477 
770/1633 
852/1209 
852/1336 
852/1477 
852/1633 
941/1209 
941/1336 
941/1477 
941/1633 


DEVELOPMENT DATA 
Preorerrerrrrirrrrrirrix.4 
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ee oe ok, oe oie eae se a ed es De 
a ake wake. he: ee, als “aks, sels els, eas es ee 
DOH O FT QOOONDWOOAPDPWHNH — | 


* Mute “on” = switch between pin 5 and pin 1 is open. 
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FUNCTIONAL DESCRIPTION (continued) 


ROW 1 | 


LINE SIGNAL 
| | 
speech | prmr | siLeNce | SPEECH 
7287296.2 


Fig. 10. Waveform tones 697/1336 Hz (dialling number 2). 


TEA1075 


7293514.1 


Fig. 11 Microcontroller mode; all column inputs interconnected. 
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LINE 
SIGNAL 


SPEECH DTMF SPEECH DTMF SPEECH 
7293512.1 


Fig. 12 Tone/speech waveform in application diagram Fig. 11. 
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7293513.1 


Fig. 13 Microcontroller mode; column inputs COL 1, 2 and 4 interconnected. 


ROW 1 
ROW 2 
ROW 3 


or 
ROW 4 
COL 1 
COL 2 


and 
COL 4 


COL 3 


LINE 
SIGNAL 


SPEECH DTMF SILENCE DTMF SIL. SPEECH 


7Z93511.1 


Fig. 14 Tone/speech waveform in application diagram Fig. 13. 
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RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) — 
Supply current 7 Ip max. 150 mA 
Surge current (tp < 250 us) Is max. 1000 mA 
Input voltage (any pin) V\ (VN—O,5) to (Vi + 0,5) V- 
D.C. line voltage Vi max. 10 V 
Total power dissipation - 
TEA1075P | Ptot max. 750 mW 
TEA1075T | Prot max. 450 mW 
Storage temperature range Tstg —55 to +125 OC 
Operating ambient temperature range Tamb —25 to +70 °C 
Junction temperature Tj max. 125 °C 
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CHARACTERISTICS 
I = 15 mA; f = 1 kHz; Tamb = 25 OC unless otherwise specified. Measured in Fig. 15. 


Cremer [etm | omit [min [vm | me | ook 


Supply 


Dial mode 

D.C. line voltage 
| = 15mA 
1, = 50mA 
l} = 9OMA 
1, =120mA 

Temperature coefficient 

over temperature range 


Line current range 
TEA1075P 
TEA1075T 


Stand-by mode 
Standby current 


D.C. line voltage 


DEVELOPMENT DATA 


Temperature coefficient 
over temperature range 


Mute switch (no key pressed) 


Mute output sink current 
TEA1075P 
TEA1075T 


Saturation voltage 


Balance return loss 
from 300 to 3400 Hz 
Speech part: 600 Q 


Switch delay after key release 
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CHARACTERISTICS (continued) 


Transmitter output stage 


Dynamic resistance setting range | pin 6 open R; — 900 | — 
pin 6 to Vj R; : ~ 600 | — 


Variation of output impedance 
over the line current range 


R; = 600 Q AZo — 100 | — 
R; = 900 2 AZo — ~ 200 | — 
Balance return loss from | 
300 to 3400 Hz R; = 600 22 BRL 20 — = 
Total harmonic distortion with 
respect to total output level — THD — —40 | — 
DTME generator 
Tone frequencies 
low tones (row inputs} — 697, 770, 852, 941 
high tones (column inputs) — 1209, 1336, 1477, 1633 
Crystal frequency dividing error | f= 3,579545 MHz| Afy —0,1 _ —0,31 
Tone output level (adjustable) 
low tones 
I, > 10mA —IVLG —11 — —8 
[| >12mA ViG —11 _ —§ 
high tones 
I; > 10mA VHG —9 — —6§ 
; 1) > 12mA VHG —9 — —4 
Variation of output voltage level | 
as a function of temperature | 
and line current range — AVO 2 = +2 
Pre-emphasis high/low tones 
as a function of temperature 
and line current range = VHG-VLG| 1 2 
Tone delay after key depressed | — ttd — = 5 
Debounce time _ tq _ 2 — 
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Keyboard inputs 


Keyboard ON resistance 


Keyboard OFF resistance 


Low frequency inputs (ROW 1, 2, 3, 4) 
input voltage LOW 
input voltage HIGH 
d.c. input current 
High frequency inputs (COL 1, 2, 3, 4) 
input voltage LOW 
input voltage HIGH 
d.c. input current 


VIL dial mode 


Vip dial mode 


15 16 14 13 


11 


TEA1075P 


7287744.4 


Fig. 15 Test circuit. 
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Note 


Fig. 16:is an application diagram of a complete DTMF telephone set incorporating an IC of the TEA1060 family (electronic speech/transmission 
circuit) and the TEA1075P both set to an impedance of 600 Q2. The TEA1075 P is using a second-order filter for low harmonic distortion (CEPT 
T/CS 34-08). Dial and speech functions are completely separate allowing line adaption to be carried out by either the TEA1075P or the IC of 
TEA1060 family. | 

Start and stop currents of the TEA1060 family gain control function are changed when the current through the TEA1075P is increased at 
maximum |; and Tampb- 

Both application diagrams (Figs 16 and 17) include protection circuitry. 


Fig. 16 DTMF telephone set with TEA1075P using a second-order filter and an electronic speech/transmission circuit. 
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DEVELOPMENT DATA 


TEA1075P 


Ne: tn 3,58 MHz 


carbon 
microphone 


(1) Capacitor Cc7 is connected only when the confidence tone is required. 


Fig. 17 DTMF telephone set with TEA1075P using a single pole 
filter and a classical hybrid transformer as the transmission part. 
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DEVELOPMENT DATA | 
This data sheet contains advance information and TEA1080 


specifications are subject to change without notice. 


SUPPLY CIRCUIT FOR TELEPHONE SET PERIPHERALS 


GENERAL DESCRIPTION 


The TEA1080 is a bipolar integrated circuit intended for use in line powered telephone sets to supply 
peripheral circuits for extended dialling and/or loudspeaking facilities. 


The IC uses a part of the surplus of the line current normally sinked in the voltage regulator of the 
applied speech/transmission circuit. 


Features 


@ High input impedance for audio signals 
@ High output current 
@ Large audio signal handling 
@ Low distortion 
@ Two modes of operation: 
— regulated output voltage 
— constant d.c. voltage drop in series with a resistor between line and output terminal 
@ Low number of external components 


_ QUICK REFERENCE DATA 


a IG 


D.C. line voltage 

D.C. output voltage 

Voltage drop line/output 

Series resistance | 

Output current Vien =4V, TEA1080P 
Output current Vin =4V, TEA1080T 


A.C. line voltage ViLN =4,5 V; 


Internal supply current NT 


Operating ambient 
temperature range Tamb 


PACKAGE OUTLINES 


TEA1080P: 8-lead dual in-line; plastic (SOT-97AE). 
TEA1080T: 8-lead mini-pack; plastic (SO-8; SOT-96A). 


October 1986 689 


TEA1080 


REFERENCE 
CURRENT 


TEA1080 


7280942 


Fig. 1 Block diagram. 


PINNING 
1 LN positive line terminal 
a 2 VN negative line terminal 
3 AD amplifier decoupling. 
TEA1080° 4 RD regulator input 
5 OIF input low-pass filter 
6 VA output voltage adjustment 
72806ks 7 | SO supply output 
8 ER supply terminal of the 


internal circuit 


Fig. 2 Pinning diagram. 
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Supply circuit for telephone set peripherals TEA1080 


FUNCTIONAL DESCRIPTION 


The TEA1080 is the interface between the telephone line and the peripheral devices, which have to be 
supplied. The circuit can be connected directly to the telephone line (via the diode bridge) because of 
its high input impedance. An inductor function is obtained by amplifier A1, resistor R4.g (Fig. 1) and 
external low-pass RC filter. 


Amplifier A2 controls both transistors TR1 and TR2. To avoid a large increase of the distortion the 
input current will flow to ground (via TR2) during the time that the momentary line voltage drops 
below the output voltage. 

The internal circuitry is biased by a temperature and line voltage compensated reference current source. 


o 


Supply LN and VN (pins 1 and 2) 


The input terminals LN and VN can be connected directly to the line. The minimum required 
d.c. line voltage at the input is given by: 


VEN min = !1 * 81-8 + YEN min + YLN(P) (V) 
in which: 

14 = input current 

R1-8 = internal series resistance 


VLN min = Minimum level of a.c. line voltage (1,8 V at [9 = 5 mA) 
VLN(P) = required peak level of a.c. line voltage 


The internal current (1;yy7) consumption is typical 0,7 mA at Io =OmA 
and Vij = 5 V and will be maximum 1 mA at V; y = 10 V. 


Output voltage SO and VA (pins 7 and 6) 


The output SO (pin 7) supplies the peripheral circuits. The circuit includes two modes for regulation of 
the output voltage: 


without external resistor Ry (see Figs 3 and 17) 
the output voltage is expressed by 


Vo= ViN — (I x R41-g + 0,5) : (V) 
in which: o 

VEN = line voltage 

14 = input current 

R1.8 = internal series resistance (typ. 18 {2) 


with external resistor R\y, connected between SO and VA (see Figs 4 and 17), the output voltage will 
be regulated at a constant level of 


Vo =2xIlgx Ry ~ (Vv) 
as soon as the line voltage Vj y > 2*lg°*Rytl,°R71.9+0,5 (V) 
The control current Ig is typical 20 vA. 
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7280944.1 7280945.1 


1,=5, 20, 30mA") 


0 2 4 6 8 10 


0 
0 2 4 6 8 10 
Vin (VY) Vin (V) 
(1) 14 = 30 mA is only valid for TEA1080P (1) 14 =30 mA is only valid for TEA1080P. 
Fig. 3 Output voltage versus line Fig. 4 Output voltage versus line 
voltage for application without Ry. voltage (Ry = 75 or 100 k&2). 


Input current Iq and output Io 
The minimum line current (lse7), available for the telephone set must be sufficient to cover the 
specified minimum line current (1) \y min) Of the speech/transmission IC and the maximum input current 
(11 max) required by the application of the TEA1080. Iset = !LN min + !14 max: 
At VLN(rms) < 150 mV the input current 14 can be approximated by: | 
l=lInt + kelo | (mA) 
in which: 
liINT = internal supply current (0,7 mA at VLN = 5 V) 
kK = correction factor which depends on the output current 
k = 1,04 forlo =1mA 
k = 1,08 for lo = 20 mA 
k= 1,12 for lq = 30 mA | 
For large line signals the a.c. line voltage may drop below Vg + 0,4 V. The instantaneous current 
flows from LN to SO (pin 1 to pin 7) into the output load during the time V;_\y > Vo + 0,4 V and will 
be internally rerouted to VN (pin 2) during the time V; yy < Vo + 0,4 V in order to prevent distortion 
of the line signal. ; 


The input current for ViN(rms) = 1 V and without Ry can be approximated by: 

la =lInT t+ 2ekelo (mA) 
If Ryis not applied the ratio between input current 14 and output current Ig is shown in Fig. 7 for 
different line signal levels. 
When Ry is applied the ratio 14/Ig is given in Fig. 8 for VEN = 4 V and in Fig. 9 for VN =5V. 
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Supply circuit for telephone set peripherals TEA1080 


Input impedance IF (pin 5) 


The equivalent circuit diagram for small a.c. signals is shown in Fig. 5. The input impedance is mainly 
determined by the negative input impedance 2; which is 10 kQ in parallel with L1. 


L)=Cy'R_°Ry.g= 10H if C, =4,7 uF, Ry = 100 kQ and Ry_g = 182. 


The filter elements Cj and Ry; are connected to pin 1 (LN) and pin 5 (IF) respectively to pin 5 (IF) and 
pin 7 (SO). See Figs 15, 16 and 17. 


The absolute value of the input impedance for audio frequencies is more than 8 kQ2 with L; = 10 H. 


7Z80946 


Fig. 5 Equivalent circuit diagram for small signals. 


Decoupling ER and AD (See Fig. 15) 


An external capacitor Cy = 27 pF between ER (pin 8) and AD (pin 3) is required to ensure stability. 
Capacitor Cq (68 pF) between AD (pin 3) and VN (pin 2) limits the distortion at high output currents 
and high line levels. 


A.C. behaviour 
Ry not applied 


The voltage drop V, \- Vo between LN (pin 1) and SO (pin 7) as a function of a.c. line signal for different 
output currents is given in Fig. 10, while Fig. 11 presents the a.c. line vollede for 2% distortion as a func- 
tion of the output current for some d.c. line voltages. | 


Ry connected (75 kQ) 


Figures 12 and 13 show the decrease of the output voltage, relative to Vo at |p = O asa function of the 
a.c, line signal if the d.c, output voltage is 3 V and if the d.c. line voltage is 4 respectively 5 volt. The a.c. 
line signal for 2% distortion as a function of the output current is shown in Fig. 14. 
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RATINGS 
Limiting values in accordance with the Absolute Maximum System (IEC 134) 


parameter symbol min. typ. max. unit 
Positive d.c. line voltage VEN - _ 10 V 
Voltage on all other terminals V Vyn-05 — Vinto,5 V 
Input current (d.c.) 

TEA1080P ly — —- , 120 mA 

TEA1080T 14 — _ 80 mA 
Current into terminals. 

IF, VA, RD and AD I56.4,3 —1 — + 4 mA 
Total power dissipation Prot see derating curve Fig. 6 
Storage temperature range T stg —40 — +125 °C 
Operating ambient temperature range Tamb —25 — +70 °C 
Junction temperature Tj _ — +125 °C 


THERMAL RESISTANCE 
From junction to ambient in free air 


TEA1080P Rthj-a = 120 K/W 

TEA1080T (mounted on printed 

circuit board; 50 x 50 x 1,5 mm) Rthj-a = 260 K/W 
800 7Z94811 


CT 
elle LLL 
CEEEEN EEE 
SENT 
Pt Nes KE TT 
SSaRNaE 
PRALNG 


0 20 40 60 80 100 120 
Tamb (°C) 


Fig. 6 Power derating curve. 
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CHARACTERISTICS 


ViN=5V; VLN(rms) = 100 mV; Io = 5 mA; f = 1 kHz; Ry = 100 kQ; Ry = 75 kQ; Cy = see: 
Tamb = 25 °C, unless otherwise specified (see Figs 15 and 16) 


Operating d.c. line 
voltage 


Momentary line voltage 


Ry = 75 kQ 
Input current 


VLN=OV 
VLN(rms) = 100 mV 
VLN(rms) = 1,9 V 


VLEN(rms) = 1,5 V; 
Ip = 15mA 


Output voltage 


Voltage variation 
with temperature 


TEA1080P 


Voltage variation 
with temperature 


TEA1080T 


Variation over 
Output current 
and line voltage 
range 


Control current 


DEVELOPMENT DATA 


Ry not applied 
Input current 


VLN = 9 
VLN(rms) = 1,5 V 
VLN(rms) = 1,5 V; 
Io =15mA 


Voltage drop 


TEA1080P 
TEA 1080T 


Output current 


Output current 
Internal series resistance 


Input impedance 


Internal supply current lo=OmA 
A.C. line voltage d<2%;VLN=4V VLN(rms) 
Noise on voltage VLN=OmV; 

output R_ = 600 22; 


P53 curve Vno(rms) 


tt 


Start time 


# Value not available. 
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oy 
Wy 


Ps 
(a 


1 0,1 0,2 0,5 1 2 
VLN(rms) (VY) VLN(rms) (V) 
Fig. 7 Ratio of input and output current Fig. 8 Ratio of input and output current 
as a function of a.c. line voltage. as a function of a.c. line voltage. 
Ry is not applied. Ry =75k2, Vin=4V,VQo=3 V. 
7Z80950.1 7Z80951.1 
2,5 3 
ratio 
Ilo 
| é 
Y 
LW , 
// Ly 
SS NS a 
SST j 
aren em iomadl 
0,1 0,2 0,5 1 2 0,1 © 0,2 0,5 1 2 
VLN(rms) (V) VLN(rms) (V) 
Fig. 9 Ratio of input and output current Fig. 10 Voltage drop between input and 
as a function of a.c. line voltage. Ry = 75 kQ, output voltage as a function of a.c. line voltage. 
VIN=5V,Vo=3V. Ry is not applied. 


(1) Iq = 30 mA is only valid for TEA1080P, 19 max = 20 mA for TEA1080T. 
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2 7280952.1 7280953.1 


VLN(rms) 
(V) 


| 


Pt A 7 


il 
RR 


0 10 20 30!1) ; 
lo (mA) VLN(rms) (V) 
Fig. 11 A.C. line voltage as a Fig. 12 Output voltage drop as a 
function of output current. function of a.c. line voltage. 
diot = 2%; Ry not applied. Ry=75kQ2, Vin =4V,VQg=3V. 
7280954.1 7Z280955.1 


O 
(mA) YLN(rms) 
390) (V) 


DEVELOPMENT DATA 


0,1 
VLN(rms) (V) 

Fig. 13 Output voltage drop as a Fig. 14 A.C. line voltage as a function 

function of a.c. line voltage. of output current at dyoz = 2%. 

Ry=75kQ, Vpn =5V,VQ=3V. Ry=75kQ and Vg =3 V. 


(1) lg = 30 mA is only valid for TEA1080P, 19 max = 20 mA for TEA1080T. 
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Ele . CL=4,7uF 
7 | 


7Z80956 


Fig. 15 Test circuit diagram d.c. characteristics. Vo versus V; yy (with and without Ry), 
a.c. line voltage =v, yy, internal supply current = IINT, Noise output voltage = Vno- 


it 
ly CL=4,7uF = 100 uF 


—p_ + 
IMPEDANCE DISTORTION 
ANALYZER METER 


TRANSM. 
CIRCUIT 


7Z80957 


Fig. 16 Test circuit diagram a.c. characteristics. |4 versus vj jy (for different Io), input 
impedance = Z), line distortion versus v, jy and Io, start time = tot. 
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APPLICATION INFORMATION 


SPEECH/ 
TRANSM. 
CIRCUIT 


 }RL =100K0 


PERIPHERAL 
CIRCUITS 


TELEPHONE 
LINE 


7Z80958 


Fig. 17 Application circuit diagram. 
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Package outlines 
Soldering 


PACKAGE 
OUTLINES 


D PACKAGE — PLASTIC 


(SO 8-PIN) 
6.2 (.244) 
5.8 (.228) 
LEAD NO. 1 
.78 (.031) 45" 
aa .37 (.018) 
i BSC 
7° (4 PLCS) = 
Parnes ME) sees 
i | 1,35(.053)) (Note) 
56 (.022) T 4 
.49 (.019) .27 (. 0.22 (.009) 3 -6 
0.45 (.018) BSC. O15 (007) 
0.35 (.014) 0.20 (.008) 
0.10 1.004) 
ary D PACKAGE — PLASTIC 
(SO 14-PIN) 
a 
| 


1.270 (060) 
406 (.016) 


D PACKAGE — PLASTIC 
(SO 16-PIN) 


Note: 
Dimensions shown are metric units (millimeters), except those in parentheses which are English units (inches). 
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PACKAGE 
OUTLINES 


LEAD NO. 1 


FE PACKAGE — HERMETIC 
(8-PIN) 


7.67 (.302) MAX. 


| | 
aa —| HEAR) BHR 


qt 


2.28 (080) (Note) 


oa : ea 


—a 


4.19 Hae 


LEAD NO. 1 


F PACKAGE — HERMETIC 
(14-PIN) 


7.67 a 302) MAX. 


ae 


8.13 (.320) 
7.37 (.280) 2.29 (.090) 


(Note) 


0.36 (.014) 


ua (. Bar ee rae 
0.20 (.008) 


1.78 (.070) ,03 (396) 
0.76 (.030) a by [sno 6 
4.19(.165) 
| 2.79 (.110) 3.16 (.125) 


0.58 (.023) 2.29 (.090) 2.49 (.098) 
0.38 (.015) 1.78 (.070) 
LEAD NO. 1 
F PACKAGE — HERMETIC 
(16-PIN) 
7.67 (.302) MAX. 
1.02 (.040) 
ae tcon 51 (. = 
19.94 (.785) 4.45 (.175)} 8.13 (.320) 
19.18 (.755) 3.68 (.145)| 7.37 (.290) a 
—t 


0.36 (.014) 


1.78 (.070) 0.20 (.008) 
0.76 (.030) ls 10.03 (.396) 
+" 7.62 (.300) 
1.27 (.050) 4.19 (.168) 
0.58 (.023) 2.791.110) 0.38 (.015) 3.18 (.125) 


0.38 (015) 2-29 /.090) 


Note: 
Dimensions shown are metric units (millimeters), except those in parentheses which are English units (inches). 
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N PACKAGE — PLASTIC 
(8-PIN) 


6.40 (.252) 
6.22 (.245) 


9.53 (.375) 7.87 (.310) 
9.27 (.365) 7.37 (.290) 1.65 (.065) 
1.39 (.055) 
0.75 (.030) 3 a hee { 
0.51 (.020) 3.17 (125) 


2.92 (.115) (Note) 


: 


0.38 (.015) 


Ses 5) 0.25 (.010) 


3.05 (.120) 


1.32 (.052) 


1.32 (.062) | 10.03 (.395) 
1.12 (.044) 9.53 (.021) “7-62 (.300) 
0.38 (.015) 
2.79 (.110) 
2.29 (.090) 


1.14 (.045) 
0.64 (.025) 


N PACKAGE — PLASTIC 
(14-PIN) 


LEAD NO. 1 


6.40 (.252) 
6.22 (.245) 
19.18 (.755) 7.87 (.310) 
18.92 (.745) val are 7-37 (250) 1.73 (.068) 
92-778) 1.45 (.057) 


0.89 (.035) 


0.38 (.015) (Note) 


~ 


0.38 (.015) 
0.25 (.010) 


1.32 (.052) 3. 43 3.43 (.135) 135) 
1.12 (.044) 305 (120) 10.03 (. mss 
0.53 (.021) 2.16 (.085) 
0.38 (015) 2.79 (.110) 7-65 (.065) 
2.29 (.090) 


Note: 


PACKAGE 
OUTLINES 


Dimensions shown are metric units (millimeters), except those in parentheses which are English units (inches). 
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14-LEAD DUAL IN-LINE; PLASTIC (SOT-27KE, ME, MF) 


19,5 max 


=a— 8,25max ——~ 


UY) 
Cc 
3 | cane aie 
Qu 
e I 
ur max 
[L E E i a H E r 
9 0,51 [sia 
min 
4 : ) 0,76 ta 
3,60 fest ‘ 
3,05 (1) 
san 5 
8,3 72786804 
a Positional accuracy. 
(M) Maximum Material Condition. 
(1) Centre-lines of all leads are 
within +0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by 
top view +0,254 mm. 
(2) Lead spacing tolerances apply 
Oimensioneinwii | from seating plane to the line 


indicated. 
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~16-LEAD DUAL IN-LINE; PLASTIC’ (SOT-38) 


22 max 


seating plane 


¥ 
[2,54] ; 
te (| paneer 2 8 ae ee 
9.5 ‘ 
8,3 7255041.8 


oy Positional accuracy. 
(@) Maximum Material Condition. 


(1) Centre-lines of all leads are 
within £0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by 
+0,254 mm. 


top view 


(2) Lead spacing tolerances apply 
from seating plane to the line 
indicated. 
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‘PACKAGE 
OUTLINES 


8-LEAD MINI-PACK; PLASTIC (SO-8; SOT-96A) 


top view 


- Dimensions in mm 


a Positional accuracy. 


(MV) Maximum Material Condition. 
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8-LEAD DUAL IN-LINE; PLASTIC (SOT-97AE, DE, EE) 


10 max <+—— 8,25 max ——» 


seating plane 
B3Y_——<—<—<————__ 


8,3 7Z73585.5 


oe) Positional accuracy. 


Maximum Material Condition. 


3) 


1,12 max! 1,73 max 


top view (1) Centre-lines of all leads are 
within £0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by 
+0,254 mm. 


(2) Lead spacing tolerances apply 
from seating plane to the line 


; tee indicated. 
Dimensions in mm 


(3) Only for devices with 
asymmetrical end-leads. 
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PACKAGE 
OUTLINES 


24-LEAD DUAL IN-LINE; PLASTIC (SOT-101A, B, F, G, L) 


32 max 


seating plane 


side view 


1715 
15,90 


ee pe! = 7273670.5 


Dimensions in mm | 


December 1982 | 


710 


(1) 


(2) 


(3) 


top view 


Positional accuracy. 
Maximum Material Condition. 


Centre-lines of all leads are 
within 0,127 mm of the nominal 


position shown; in the worst case, 


the spacing between any two leads 
may deviate from nominal by 
+0,254 mm. 


Lead spacing tolerances apply 
from seating plane to the line 
indicated. 


Index may be horizontal as shown, 
or vertical. 


PACKAGE 
OUTLINES 


18-LEAD DUAL IN-LINE; PLASTIC (SOT-102HE, HG, KE, ME, PG) 


22 max 


Se a 
VHA RA AKA a 
_{rin | 
$ sa 
3,9 Area 
H 16x ge [0,254 @)] ' 
Y J 


| 


seating plane 


top view 


<+——— 8,25 max ——» 


side view 6 Positional accuracy. 
() Maximum Material Condition. 


(1) Centre-lines of all leads are 
within 40,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads. 
may deviate from nominal by 
+0,254 mm. 


(2) Lead spacing tolerances apply 
from seating plane to the line 
72835324 indicated. 


Dimensioris in mm 
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PACKAGE 
OUTLINES 


—18-LEAD DUAL IN-LINE; PLASTIC (SOT-102NE, GE, PE) 


—— 25,4 max 


seating plane 


top view 


<—— 8,25 max ——> 


i i bas 
eideiwiew. €p Positional accuracy. 


() Maximum Material Condition. 


(1) Centre-lines of all leads are 
within £0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by 
+0,254 mm. 


- 


be 6 er 


95 Senaeae (2) Lead spacing tolerances apply 
from seating plane to the line 
indicated. 


83 


Dimensions in mm 
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28-LEAD DUAL IN-LINE; PLASTIC (SOT-117) 


seating plane 


-—__—__—_——— 15,8 max ———________» 


ge 1 a 


Dimensions in mm 


36 max 


side view 


7273669.2 


i 
4 ? 
“>| |+{e[o252 @ 


top view 


€p Positional accuracy. 


C) 
(1) 


(2) 


(3) 


Maximum Material Condition. 


Centre-lines of all leads are 

within £0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by 
+0,254 mm. 


Lead spacing tolerances apply 
from seating plane to the line 
indicated. 


Index may be horizontal as shown, 
or vertical. 
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December 1984 


VLZ 


Ov 
Cc > 
ws) w +O) 
© § LA 
z : om 
o 
iS 


as l 
(2) 
—>| [2,54] | 0,53 | e[ 0.254 |@ 


a of lag 
max 


39 38 37 36 35 34 33 32 31 30 29 28 27 26 25 24 23 22 


12 14 17 19 


(6Z1-LOS) OILSV1d -ANIT-NI TWNG qvat-or 


top view 
eo 15 8 nak SS 
: Oo Positional accuracy. (2) Lead spacing tolerances apply 
: 1 from seating plane to the line 
(™) Maximum Material Condition. indicated: 


(1) Centre-lines of all leads are 


gens Index may be horizontal as shown, 
within £0,127 mm of the nominal 


I 

ay ; or vertical. 

fl position shown; in the worst case, 

Ih side view the spacing between any two leads 

i may deviate from nominal by Dimensions in mm 
| Resonance nanan eee | +0,254 mm. 


| 17,15 | 7z70128.5 


I eee 


15,90 


PACKAGE 
OUTLINES 


18-LEAD DUAL IN-LINE; CERAMIC (CERDIP) (SOT-133B) 


seating plane 


y 
} t ! | | 1 
io | 254] 


‘ 


top view 


side view 7 
eed Positional accuracy. 


(m) Maximum Material Condition. 


(1) Centre-lines of all leads are 
within 0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by 
+0,254 mm. 


(2) Lead spacing tolerances apply 
from seating plane to the line 
indicated. 


Dimensions in mm 
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OUTLINES 


28-LEAD DUAL IN-LINE; CERAMIC (CERDIP) (SOT-135A) 


| 38,1 max 


r) ; . 
c 
= aoe, ma 
(a |) ec a cg E anna RCE 
e ren re OE crrrees A rrrrreee NO cree AN pr ee ee es ee ee OE ee ees 5 ‘ 
= max: 
an Lt iin st 
7s : 76 an 
3,4 | Ope =r 
ie as | aero a 
Y ie 
max 
1,7 max 


28 27 26 25 24 23 22 21 20 19 18 17 16 15 


may pp Positional accuracy. 


side view () Maximum Material Condition. 


(1) Centre-lines of all leads are 
within 0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by 


) +0,254 mm. 
gee ee Pe eRe | 7278698.2 
0 to 15° yae6 


(2) Lead spacing tolerances apply 
from seating plane to the line 
indicated. 


Dimensions in mm 


December 1984 


PACKAGE 
OUTLINES 


28-LEAD MINI-PACK; PLASTIC (SO-28; SOT-136A) 


2,45 
2,25 Bae 8° 
r 4 
| 0,49] 032 401 +! |< 
Sele lee 0,36 0,23 10,65 sada 
0,76 max tt ‘| 0,25 @) 10,0 72786947 
—e!|1,27 | |< 


Dimensions in mm 


& Positional accuracy. 


(VM) Maximum Material Condition. 
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PACKAGE 
OUTLINES 


20-LEAD DUAL IN-LINE; PLASTIC (SOT-146) 


27 max 


seating plane 


0,51 
7 min 
aS 0,76 (2) 
lea 4 
<{4[0,254 @] " 


x 


top view 


=< 8,25 max ——> 


side view Positional accuracy. 


(mM) Maximum Material Condition. 


(1) Centre-lines of all leads are 
within £0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by \ 
+0,254 mm. 


(2) Lead spacing tolerances apply 
’ aeiseeis from seating plane to the line 
indicated. 


Dimensions in mm 
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PACKAGE 
OUTLINES 


8-LEAD DUAL IN-LINE; CERAMIC (CERDIP) (SOT-151A) 


a 10,4 max 


seating plane 


1,52|4 || _.| 
max 


? 7Z83900.2 


top view Oo Positional accuracy. 
(M) Maximum Material Condition. 


(1) Centre-lines of all leads are 
within 0,127 mm of the nominal 
position shown; in the worst case, 
the spacing between any two leads 
may deviate from nominal by 
+0,254 mm. 


(2) Lead spacing tolerances apply 
from seating plane to the line 
indicated. 


Dimensions in mm 
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top view 


Dimensions in mm 


5 Positional accuracy. 
(VY) Maximum Material Condition. 
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PACKAGE 
OUTLINES 


16-LEAD MINI-PACK; PLASTIC (SO-16L; SOT-162A) 
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Dimensions in mm 


BG Positional accuracy. 


| (m) Maximum Material Condition. 
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PACKAGE 
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20-LEAD MINI-PACK; PLASTIC (SO-20; SOT-163A) | 
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‘Dimensions in mm 


reed Positional accuracy. 


(M) Maximum Material Condition. — 
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PACKAGE 
OUTLINES 


8-LEAD MINI-PACK; PLASTIC (SO-8L; SOT-176) 
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0,14 
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top view 


Dimensions in mm 


ap Positional accuracy. 


(VM) Maximum Material Condition. 
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PACKAGE 
OUTLINES 


S6-LEAD MINI-PACK; PLASTIC (VSO-56; SOT-190) 
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top view 


Dimensions in mm 


&B Positional accuracy. 


(VM) Maximum Material Condition. 
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SOLDERING 


SOLDERING PLASTIC DUAL IN-LINE (DIL) PACKAGES 


1. By hand 
Apply the soldering iron below the seating plane (or not more than 2 mm above it). 


If its temperature is below 300 °C it must not be in contact for more than 10 seconds; if between 
300 °C and 400 °C, for not more than 5 seconds. 


2. By dip or wave 
The maximum permissible temperature of the solder is 260 °C; this temperature must not be in 
contact with the joint for more than 5 seconds. The total contact time of successive solder waves 
must not exceed 5 seconds. 
The device may be mounted up to the seating plane, but the temperature of the plastic body must 
not exceed the specified storage maximum. If the printed-circuit board has been pre-heated, forced 
cooling may be necessary immediately after soldering to keep the temperature within the permis- 
sible limit. 


3. Repairing soldered joints 
The same precautions and limits apply as in (1) above. 


SOLDERING PLASTIC MINI-PACK (SO) PACKAGES 


1. By hand-held soldering iron or pulse-heated solder tool 


Apply the heating tool to the flat part of the lead only. Contact time must be limited to 10 seconds 
at up to 300 °C. When using proper tools, all leads can be soldered in one operation within 2 to 5 
seconds at between 270 and 320 OC. (Pulse-heated soldering is not recommended for SO packages). 


For pulse-heated solder tool (resistance) soldering of VSO packages, solder is applied to substrate 
by dipping or by an extra thick tin/lead plating before package placement. 


2. By wave 


Maximum permissible solder temperature is 260 °C, and maximum duration of package immersion 
in solder bath is 10 seconds, if allowed to cool to less than 150 °C within 6 seconds. Typical dwell 
time is 4 seconds at 250 °C. 

A modified wave soldering technique is recommended, using two solder waves (dual-wave); a first 
turbulent wave with high upward pressure is followed by a smooth, laminar wave. A mildly activated 
flux will eliminate the need for removal of corrosive residues in most applications. 


3. By solder paste reflow 


Reflow soldering requires the solder paste (a suspension of fine solder particles, flux and binding 
agent) to be applied to the substrate by screen printing or pressure-syringe dispensing before device 
placement. 


Several techniques exist for reflowing, for example, thermal conduction by heated belt, infrared, 
and vapour-phase reflow. Dwell times vary between 8 and 60 seconds according to method. Typical 
reflow temperatures range from 215 to 250 °C. 


Pre-heating is necessary to dry paste and evaporate binding agent, and to reduce thermal shock on 
entry to reflow zone. 


4. Repairing soldered joints 
The same precautions and limits apply as in (1) above. 
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Argentina: PHILIPS ARGENTINAS.A., Div. Eicoma, Vedia 3892, 1430 BUENOS AIRES, Tel. (01) 541 - 7141 to 7747. 

Australia: PHILIPS INDUSTRIES LTD., Elcoma Division, 11 Waltham Street, ARTARMON, N.S.W. 2064, Tel. (02)439 3322. 

Austria: OSTERREICHISCHE PHILIPS INDUSTRIE G.m.b.H., UB Bauelemente, Triester Str. 64, A-1101 WIEN, Tel. (0222) 6291 11-0. 

Belgium: N.V. PHILIPS & MBLE ASSOCIATED, rue du Pavillon 9, B-1030 BRUXELLES, Tel. (02) 242 7400. 

Brazil: CONSTANTA-IBRAPE; (Active Devices): Av. Brigadeiro Faria Lima, 1735-SAO PAULO-SP., Tel. (011) 211-2600, 
(Passive Devices & Materials): Av. Francisco Monteiro, 702 - RIBEIRO PIRES-SP Tel. (011) 459-8211. 

Canada: PHILIPS ELECTRONICS LTD., Elcoma Division, 601 Milner Ave., SCARBOROUGH, Ontario, M1B 1M8, Tel. (416) 292-5161. 

Chile: PHILIPS CHILENAS.A., Av. Santa Maria 0760, SANTIAGO, Tel. (02) 77 38 16. 

Colombia: IND. PHILIPS DE COLOMBIA S.A., c/o IPRELENSO LTD., Cra. 21, No. 56-17, BOGOTA, D.E., Tel. (01) 2497624. 

Denmark: MINIWATT A/S, Strandiodsvej 2, P.O. Box 1919, DK 2300 COPENHAGEN §, Tel. (01) 54 11 33. 

Finland: OY PHILIPS AB, Elcoma Division, Kaivokatu 8, SF-00100 HELSINKI 10, Tel. (90) 17271. 

France: RTC-COMPELEC, 130 Avenue Ledru Rollin, F-75540 PARIS 11, Tel. (01) 43388000. 

Germany (Fed. Republic): VALVO, UB Bauelemente der Philips G.m.b.H., Valvo Haus, Burchardstrasse 19, D-2 HAMBURG 1, Tel. (040) 3296-0. 

Greece: PHILIPS HELLENIQUE S.A., Elcoma Division, No. 15, 25th March Street, GR 17778 TAVROS, Tel. (01) 48 94 339/48 94 911. 

Hong Kong: PHILIPS HONG KONG LTD., Elcoma Div., 15/F Philips Ind. Bldg., 24-28 Kung Yip St., KWAI CHUNG, Tel. (0)-24 51 21. 

India: PEICO ELECTRONICS & ELECTRICALS LTD., Elcoma Dept., Band Box Building, 
254-D Dr. Annie Besant Rd., BOMBAY - 400025, Tel. (022) 4930311/4930590. 

Indonesia: P.T. PHILIPS-RALIN ELECTRONICS, Elcoma Div., Setiabudi II Building, 6th Fl., Jalan H.R. Rasuna Said (P.6. Box 223/KBY) Kuningan, 
JAKARTA 12910, Tel. (021) 517995. 

lreland: PHILIPS ELECTRICAL (IRELAND) LTD., Elcoma Division, Newstead, Clonskeagh, DUBLIN 14, Tel. (01) 693355. 

Italy: PHILIPS S.p.A., Div. Componenti Elcoma, Piazza IV Novembre 3, |-20124 MILANO, Tel. (02) 6752.1. 

Japan: NIHON PHILIPS CORP., Shuwa Shinagawa Bidg., 26-33 Takanawa 3-chome, Minato-ku, TOKYO (108), Tel. (03) 448-5611. 
(IC Products) SIGNETICS JAPAN LTD., 8-7 Sanbancho Chiyoda-ku, TOKYO 102, Tel. (03) 230-1521. 

Korea (Republic of): PHILIPS ELECTRONICS (KOREA) LTD., Elcoma Div., Philips House, 260-199 Itaewon-dong, Yongsan-ku, SEOUL, 
Tel. (02) 794-5011. 

Malaysia: PHILIPS MALAYSIA SDN BHD, Elcoma Div., 345 Jalan Gelugor, 11700 PULAU PINANG, Tel. (04) 870044. 

Mexico: ELECTRONICA, S.A de C.V., Carr. México-Toluca km. 62.5, TOLUCA, Edo. de México 50140, Tel. Toluca 91 (721) 613-00. 

Netherlands: PHILIPS NEDERLAND, Marktgroep Elonco, Postbus 90050, 5600 PB EINDHOVEN, Tel. (040) 7837 49. 

New Zealand: PHILIPS NEW ZEALAND LTD., Elcoma Division, 110 Mt. Eden Road, C.P.0. Box 1041, AUCKLAND, Tel. (09) 605-914. 

Norway: NORSK A/S PHILIPS, Electronica Dept., Sandstuveien 70, OSLO 6, Tel. (02) 680200. 

Pakistan: PHILIPS ELECTRICAL CO. OF PAKISTAN LTD., Philips Markaz, M.A. Jinnah Rd., KARACHI-3, Tel. (021) 7257 72. 

Peru: CADESA, Av. Alfonso Ugarte 1268, LIMA 5, Tel. (014) 326070. 

Philippines: PHILIPS INDUSTRIAL DEV. INC., 2246 Pasong Tamo, P.O. Box 911, Makati Comm. Centre, MAKATI-RIZAL 3116, Tel. (02) 868951 to 59. 

Portugal: PHILIPS PORTUGUESA S.A.R.L., Av. Eng. Duarte Pacheco 6, 1009 LISBOA Codex, Tel. (019) 6831 21. 

Singapore: PHILIPS PROJECT DEV. (Singapore) PTE LTD., Elcoma Div., Lorong 1, loa Payoh, SINGAPORE 1231, Tel. 3502000. 

South Africa: S.A. PHILIPS (Pty) LTD., EDAC Div., 3rd Floor Rainer House, Upper Railway Rd. & Ove St., New Doornfontein, JOHANNESBURG 2001, 
Tel. (011) 402-4600/07. 

Spain: MINIWATT S.A., Balmes 22, BARCELONA 7, Tel. (03) 301 63 12. 

Sweden: PHILIPS KOMPONENTER A.B., Lidingévagen 50, S-11584 STOCKHOLM 27, Tel. (08) 7821000. 

Switzerland: PHILIPS A.G., Elcoma Dept., Allmendstrasse 140-142, CH-8027 ZURICH, Tel. (01) 488 22 11. 

Taiwan: PHILIPS TAIWAN LTD., 150 Tun Hua North Road, P.O. Box 22978, TAIPEI, Taiwan, Tel. (02) 7120500. 

Thailand: PHILIPS ELECTRICAL CO. OF THAILAND LTD., 283 Silom Road, P.O. Box 961, BANGKOK, Tel. (02) 233-6330-9. 

Turkey: TURK PHILIPS TICARET A.S., Elcoma Department, Inénii Cad., No. 78-80, 80090 Ayazpasa ISTANBUL, Tel. (01) 14359 10. 

United Kingdom: MULLARD LTD., Mullard House, Torrington Place, LONDON WC1E 7HD, Tel. (01) 5806633. 

United States: (Active Devices & Materials) AMPEREX SALES CORP, Providence Pike, S_LATERSVILLE, R.1. 02876, Tel. (401) 762-9000. 
(Passive & Electromech. Dev.) MEPCO/CENTRALAB, INC., 2001 West Blue Heron Bivd, RIVIERA BEACH, Florida 33404, 
Tel. (305) 881-3200. 
(IC Products) SIGNETICS CORPORATION, 811 East Arques Avenue, SUNNYVALE, CA 94088-3409, Tel. (408) 991-2000. 

Uruguay: LUZILECTRON S.A., Avda Uruguay 1287, P.O. Box 907, MONTEVIDEO, Tel. (02) 985395. 

Venezuela: IND. VENEZOLANAS PHILIPS S.A., c/o MAGNETICA S.A., Calle 6, Ed. Las Tres Jotas, App. Post. 78117, CARACAS, Tel. (02) 2393931. 

For all other countries apply to: Philips Electronic Components and Materials Division, International Business Relations, P.O. Box 218, 

5600 MD EINDHOVEN, The Netherlands, Telex 35000 phtcn! 
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